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Chapter 1. Introduction

is application note signal into its frequency-domain equivalent. we begin by looking first at how spectrum
explains the fundamentals Measurements in the frequency domain analyzers perform s!oectrum analysis-mea
of swept-tuned, superhet tell us how much energy is presen_t at_each surements, starting in Chapter 2.

articular frequency. With proper filtering, a
erodyne spectrum analyzers an(ﬁ/aveform such as the one shown in Figure Theoretically, to make the transformation
discusses the latest advances ini-1 can be decomposed into separate sinu from the time domain to the frequency
spectrum analyzer capabilities, soidal waves, or spectral components, whicldomain, the signal must be evaluated over

we can then evaluate independently. Each all time, that is, over infinity. However, in

At the most basic level, a spectrum analyzersine wave is characterized by its amplitude practice, we always use a finite time peri-
can be described as a frequency-selective, and phase. If the signal we wish to analyze od when making a measurement. You also
peak-responding voltmeter calibrated to is periodic, as in our case here, Fourier sayscan make Fourier transformations from the
display the rms value of a sine wave. Itis  that the constituent sine waves are sepa  frequency to the time domain. This case
important to understand that the spectrum rated in the frequency domain by 1/T, wherealso theoretically requires the evaluation of
analyzer is not a power meter, even though T is the period of the sighal all spectral components over frequencies
it can be used to display power directly. As to infinity. In reality, making measurements
long as we know some value of a sine wave Some measurements require that we pre  in a finite bandwidth that captures most
(for example, peak or average) and know serve complete information about the signal of the signal energy produces acceptable
the resistance across which we measure  frequency, amplitude and phase. However, results. When you perform a Fourier
this value, we can calibrate our voltmeter ~ another large group of measurements can bé&ransformation on frequency domain data,
to indicate power. With the advent of digital made without knowing the phase relation  the phase of the individual components
technology, modern spectrum analyzers ships among the sinusoidal components.  is indeed critical. For example, a square
have been given many more capabilities. In This type of signal analysis is called spec  wave transformed to the frequency domain
this note, we describe the basic spectrum trum analysis. Because spectrum analysis isand back again could turn into a sawtooth
analyzer as well as additional capabilites ~ simpler to understand, yet extremely useful, wave if you do not preserve phase.
made possible using digital technology and
digital signal processing.

Frequency domain versus
time domain

Before we get into the details of describing
a spectrum analyzer, we might first ask
ourselves: “Just what is a spectrum

and why would we want to analyze it?”
Our normal frame of reference is time.
We note when certain events occur. This
includes electrical events. We can use an
oscilloscope to view the instantaneous
value of a particular electrical event

(or some other event converted to volts
through an appropriate transducer) as a
function of time. In other words, we use
the oscilloscope to view the waveform of a
signal in the time domain.

Fouriertheory tells us any time-domain
electrical phenomenon is made up of

one or more sine waves of appropriate
frequency, amplitude, and phase. In other
words, we can transform a time-domain

Figure 1-1. Complex time-domain signal

1. Jean Baptiste Joseph Fourier, 1768-1830. A French mathematician and physicist who discovered that periodic functions can be expanded into a series of sines and cosines.
2. Ifthe time signal occurs only once, then T isin nite, and the frequency representation is a continuum of sine waves.
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What is a spectrum? Why measure spectra?

So what is a spectrum in the context of this The frequency domain also has its
discussion? A spectrum is a collection of  measurement strengths. We have already
sine waves that, when combined properly, seen in Figures 1-1 and 1-2 that the
produce the time-domain signal under frequency domain is better for determining
examination. Figure 1-1 shows the wavefornthe harmonic content of a signal. People
of a complex signal. Suppose that we were involved in wireless communications
hoping to see a sine wave. Although the  are extremely interested in out-of-band
waveform certainly shows us that the signal and spurious emissions. For example,

is not a pure sinusoid, it does not give us  cellular radio systems must be checked for
a definitive indication of the reason why. harmonics of the carrier signal that might
Figure 1-2 shows our complex signal in interfere with other systems operating at
both the time and frequency domains. The the same frequencies as the harmonics.
frequency-domain display plots the ampli  Engineers and technicians are also very
tude versus the frequency of each sine waveconcerned about distortion of the message
in the spectrum. As shown, the spectrum  modulated onto a carrier.

in this case comprises just two sine waves.

We now know why our original waveform  Third-order intermodulation (two tones of a
was not a pure sine wave. It contained a  complex signal modulating each other) can
second sine wave, the second harmonic in be particularly troublesome because the
this case. Does this mean we have no need distortion components can fall within the

to perform time-domain measurements? Notband of interest, which means they cannot
at all. The time domain is better for many  be filtered away.

measurements, and some can be made only

in the time domain. For example, pure time-

domain measurements include pulse rise

and fall times, overshoot and ringing.

Figure 1-2. Relationship between time and frequency domain

Spectrum monitoring is another important
frequency-domain measurement activity.
Government regulatory agencies allocate
different frequencies for various radio
services, such as broadcast television and
radio, mobile phone systems, police and
emergency communications, and a host of
other applications. It is critical that each

of these services operates at the assigned
frequency and stays within the allocated
channel bandwidth. Transmitters and other
intentional radiators often must operate

at closely spaced adjacent frequencies. A
key performance measure for the power
amplifiers and other components used

in these systems is the amount of signal
energy that spills over into adjacent
channels and causes interference.

Electromagnetic interference (EMI) is a
term applied to unwanted emissions from
both intentional and unintentional radiators.
These unwanted emissions, either radiated
or conducted (through the power lines

or other interconnecting wires), might
impair the operation of other systems.
Almost anyone designing or manufacturing
electrical or electronic products must test for
emission levels versus frequency according
to regulations set by various government
agencies or industry-standard bodies.

Noise is often the signal you want to
measure. Any active circuit or device will
generate excess noise. Tests such as noise
figure and signal-to-noise ratio (SNR) are
important for characterizing the performance
of a device and its contribution to overall
system performance.

Figures 1-3 through 1-6 show some of
these measurements on an X-Series
signal analyzer.



Figure 1-3. Harmonic distortion test of a transmitter Figure 1-4. GSM radio signal and spectral mask showing limits of
unwanted emissions

Figure 1- 5. Two-tone test on an RF power ampli er Figure 1-6. Radiated emissions plotted against CISPR11 limits as part of an
EMI test



Types of signa| ana|yzer5 Advanced technology also has allowed

circuits to be miniaturized. As a result, More information
The first swept-tuned superheterodyne rugged portable spectrum analyzers such
analyzers measured only amplitude. as the Agilent FieldFox simplify tasks such  BE=eTaG I [iTe s FIRTA {o]daat- Lo s e
However, as technology advanced anld com 3? acr:]taersﬁéefr:rlr:g. Sz't:rsof\(,’vr;rr;“j;“gif vector measurements, see
munication systems grew more complex, : - ; : :
phase became a more important part of the eliminates delays in situations involving Veth)r S_'gnal Analy3|s Basics
measurement. Spectrum analyzers, now  brief stops for quick measurements. Due Application Note, (literature
often labeled signal analyzers, have kept 0 advanced calibration techniques, field number 5989-1121EN). For

pace. By digitizing the signal, after one or Measurements made with these handheld  BRTRT{1RRAF1i(o]g Nolg N = =0 BT 1| 74= 6

more stages of frequency conversion, phase2nalyzers correlate with lab-grade bench-topBEERTIEER TR s N EP AR TAPRTVE S

as \.Ne” as amplitude is pre_served f.md can spectrum analyzers within 10ths of a dB. page for the Agilent 35670A af

be included as part of the information dis

played. So today’s signal analyzers such as N this application note, we concentrate

the Agilent X-Series combine the attributes 0N swept amplitude measurements, only

of analog, vector and FFT (fast Fourier briefly touching on measurements involving

transform) analyzers. To further improve ~ Phase—see Chapter 8.

capabilities, Agilent’s X-Series signal analyz

ers incorporate a computer, complete with Note: When computers became Hewlett-

a removable disk drive that allows sensitive Packard’s dominant business, it created and

data to remain in a controlled area should ~SPun off Agilent Technologies in the late

the analyzer be removed. 1990’s to continue the test and measure
ment business. Many older spectrum analyz
ers carry the Hewlett-Packard name but are
supported by Agilent.

www.agilent.com/ nd/35670A.

This application note will give you insight
into your particular spectrum or signal
analyzer and help you use this versatile
instrument to its maximum potential.



Chapter 2. Spectrum Analyzer Fundamentals

is chapter focuses on we see that an input signal passes through are that the output of a spectrum analyzer is
the fundamental theory of an attenuator, then through a low-pass filter a display instead of a speaker, and the local
(later we will see why the filter is here) to a oscillator is tuned electronically rather than
how a spectrum analyzer mixer, where it mixes with a signal from the by a front-panel knob.

works. Wh”_e tOdaY’S technol  |5ca) oscillator (LO). Because the mixer is
ogy makes it possible to replacea non-linear device, its output includes not The output of a spectrum analyzer is an X-Y
many analog circuits with only the two original signals, but also their trace on a display, so let’s see what inferma

modern digital implementations harmonics and the sums and differences of tion we get from it. The display is mapped
"the original frequencies and their harmonics.on a grid (graticule) with 10 major horizontal

it is useful to understand If any of the mixed signals falls within the  divisions and generally 10 major vertical

Clas§|c spectrum analyzer ~ pass band of the intermediate-frequency (IFHivisions. The horizontal axis is linearly
architecture as a starting point filter, it is further processed (amplified and calibrated in frequency that increases from
in our discussion. perhaps compressed on a logarithmic scale)left to right. Setting the frequency is a two-

It is essentially rectified by the envelope step process. First we adjust the frequency
In later chapters, we will look at the capabili detector, filtered through the low-pass filter at the centerline of the graticule with the
ties and advantages that digital circuitry and displayed. A ramp generator creates thecenter frequency control. Then we adjust

brings to spectrum analysis. Chapter 3 horizontal movement across the display fronthe frequency range (span) across the full
discusses digital architectures used in left to right. The ramp also tunes the LO so 10 divisions with the frequency span control.
spectrum analyzers available today. its frequency change is in proportion to the These controls are independent, so if we
ramp voltage. change the center frequency, we do not alter
Figure 2-1 is a simplified block diagram the frequency span. Alternatively, we can

of a superheterodyne spectrum analyzer.  If you are familiar with superheterodyne AM set the start and stop frequencies instead
Heterodyne means to mix; that is, to trans  radios, the type that receive ordinary AM  of setting center frequency and span. In
late frequency. And super refers to super ~ broadcast signals, you will note a strong  either case, we can determine the absolute
audio frequencies, or frequencies above thesimilarity between them and the block dia ~ frequency of any signal displayed and the
audio range. In the Figure 2-1 block diagramgram shown in Figure 2-1. The differences relative frequency difference between any

two signals.
RF input
Log Envelope
attenuator Mixer IF gain IF lter amp detector
Input
sigha

Video
Iter

Pre-selectg or
low-pass Iter

Local
oscillator

Ref_erence
oscillator

Y

Sweep
generator Display

Figure 2-1. Block diagram of a classic superheterodyne spectrum analyzer



The vertical axis is calibrated in amplitude.
You can choose a linear scale calibrated
in volts or a logarithmic scale calibrated

in dB. The log scale is used far more often
than the linear scale because it has a
much wider usable range. The log scale
allows signals as far apart in amplitude

as 70 to 100 dB (voltage ratios of 3200 to
100,000 and power ratios of 10,000,000 to

10,000,000,000) to be displayed simultane-
ously. On the other hand, the linear scale is

usable for signals differing by no more than
20 to 30 dB (voltage ratios of 10 to 32). In

either case, we give the top line of the grati-

cule, the reference level, an absolute value
through calibration technigdeand use the

of an attenuator circuit with a maximum Low-pass Ilter or prese|ect0r
attenuation of 70 dB in increments of 2 dB.
The blocking capacitor is used to prevent  The Jow-pass filter blocks high-frequency
the analyzer from being damaged by a DC  sjgnals from reaching the mixer. This
signal or a DC offset of the signal being fjitering prevents out-of-band signals from
viewed. Unfortunately, it also attenuates  mixing with the local oscillator and creat
low-frequency signals and increases the  jng unwanted responses on the display.
minimum useable start frequency of the anamicrowave spectrum analyzers replace the
lyzer to 9 kHz, 100 kHz or 10 MHz, dependingy-pass filter with a preselector, which is
on the analyzer. a tunable filter that rejects all frequencies
except those we currently wish to view. In
In some analyzers, an amplitude reference chapter 7, we go into more detail about the

signal can be connected as shown in operation and purpose of the preselector.
Figure 2-3. It provides a precise frequency

and amplitude signal, used by the analyzer
to periodically self-calibrate.

scaling per division to assign values to other

locations on the graticule. Therefore, we
can measure either the absolute value of a
signal or the relative amplitude difference
between any two signals.

Scale calibration, both frequency and ampli
tude, is shown by annotations written onto

the display. Figure 2-2 shows the display of a

typical analyzer.

Now, let’s turn our attention back to the

spectrum analyzer components diagramed in

Figure 2-1.

RF attenuator

The first part of our analyzer is the RF input
attenuator. Its purpose is to ensure the
signal enters the mixer at the optimum level
to prevent overload, gain compression and
distortion. Because attenuation is a protec
tive circuit for the analyzer, it is usually set
automatically, based on the reference level.
However, manual selection of attenuation is
also available in steps of 10, 5, 2, or even 1

Figure 2-2. Typical spectrum analyzer display with control settings

dB. The diagram in Figure 2-3 is an example

0to 70 dB, 2 dB steps

RF inpu>—o\)_c/o—‘
T (] o

Amplitude
reference
signal

Figure 2-3. RF input attenuator circuitry

1. See Chapter 4, “Amplitude and Frequency Accuracy.”
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Tuning the ana|yzer If we start the LO at the IF (LO minus IF mixing product will fall in the IF pass band
=0 Hz) and tune it upward from there to at some point on the ramp (sweep), and we
We need to know how to tune our spectrum 3-6 GHz above the IF, we can cover the  will see a response on the display.

analyzer to the desired frequency range.  tuning range with the LO minus IF mixing

of the IF filter, the frequency range of the ~ generate a tuning equation: zontal position of the trace on the display
LO and the range of frequencies allowed and the LO frequency, so we cannow
to reach the mixer from the outside world ~ fsig= fLo~ fir calibrate the horizontal axis of the display in
(allowed to pass through the low-pass filter). ) terms of the input signal frequency.

Of all the mixing products emerging from theVhere §jg= signal frequency

mixer, the two with the greatest amplitudes, f.o = local oscillator frequency, and We are not quite through with the tuning
and therefore the most desirable, are those fie =intermediate frequency (IF)  yet. What happens if the frequency of the
created from the sum of the LO and input input signal is 9.0 GHz? As the LO tunes

signal and from the difference between the f we wanted to determine the LO freguen through its 3.8- to 8.7-GHz range, it reaches
LO and input signal. If we can arrange thing&y needed to tune the analyzerto a low-,  a frequency (3.9 GHz) at which it is the IF
so that the signal we wish to examineis ~ Mid-, or high-frequency signal (say, 1 kHz, away from the 9.0-GHz input signal. At this
either above or below the LO frequency by 1.5 GHz, or 3 GHz), we would first restate frequency we have a mixing product that is

the IF, then only one of the desired mixing the tuning equation in terms off equal to the IF, creating a response on the
products will fall within the pass-band of display. In other words, the tuning equation
the IF filter and be detected to create an  fLo™ fig* fir could just as easily have been:

amplitude response on the display.
Then we would apply the numbers for the fsig: flotfe

We need to pick an LO frequency and an  Signal and IF in the tuning equation

IF that will create an analyzer with the This equation says that the architecture of
desired tuning range. Let's assume that flo=1kHz + 5.1 GHz = 5.100001 GHz Figure 2-1 could also result in a tuning range
we want a tuning range from 0 t0 3.6 GHz. f = 1.5 GHz + 5.1 GHz = 6.6 GHz or from 8.9 to 13.8 GHz, but only if we allow
We then need to choose the IF. Let's try a B B signals in that range to reach the mixer. The
1-GHz IF. Because this frequency is within Lo~ S GHZz 5.1 GHz = 8.1 GHz. job of the input low-pass filter in Figure 2-1
our desired tuning range, we could have an is to prevent these higher frequencies from

input signal at 1 GHz. The output of a mixer Figure 2-4 illustrates analyzer tuning. In ggtting to the mixer- We also want to Keep
also includes the original input signals, so  this figure, fyis not quite high enoughto  signals at t_he mterm_edlate frequgncy itself
an input signal at 1 GHz would give usa  cause the,f— f;, mixing product to fall in ~ from reaching the mixer, as previously
constant output from the mixer at the IF. Thethe IF pass band, so there is no response descrl_bed, so the onv-pags filter must do a
1-GHz signal would thus pass through the on the display. If we adjust the ramp-gen ~ good job of attenuating signals at 5.1 GHz as
system and give us a constant amplitude ~ erator to tune the LO higher, however, this Well as in the range from 8.9 to 13.8 GHz.
response on the display regardless of the
tuning of the LO. The result would be a hole
in the frequency range at which we could
. . Freq range

not properly examine signals because the

. . A| of analyzer IE
amplitude response would be independent [ ---- =+ }

of the LO frequency. Therefore, a 1-GHz IF |
will not work. ! » _®_ »
/

Instead, we choose an IF that is above the

highest frequency to which we wish to tune. i f flo f

In the Agilent X-Series signal analyzers that flo— g fLot fig
can tune to 3.6 GHz, the first LO frequency

range is 3.8 to 8.7 GHz, and the IF chosen Freq range

is about 5.1 GHz. Remember that we want A _gf_a_ngl_y_zgr Freq range of LO

to tune from 0 Hz to 3.6 GHz (actually from
some low frequency because we cannot
view a 0-Hz signal with this architecture).

Figure 2-4. The LO must be tuned toff  to produce a response on the display

2. In the text, we round off some of the frequency values for simplicity, although the exact values are shown in the gures.
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In summary, we can say that for a single-  Simplifying the tuning equation by using  |F gain

band RF spectrum analyzer, we would just the first IF leads us to the same
choose an IF above the highest frequency answers. Although only passive filters Referring back to Figure 2-1, we see the
of the tuning range. We would make the LO are shown in figure 2-5, the actual next component of the block diagram is a

tunable from the IF to the IF plus the upper implementation includes amplification in  yariable gain amplifier. It is used to adjust
limit of the tuning range and include a low- the narrower IF stages. The final IF sectionthe vertical position of signals on the- dis
pass filter in front of the mixer that cuts off = contains additional components, such as  pjay without affectingthe signal level at the

below the IF. logarithmic amplifiers or analog -to-digital jnput mixer. When the IF gain is changed,
_ converters, depending on the design of the the value of the reference level is changed

To separate closely spaced signals (see  particular analyzer. accordingly to retain the correct indicated

“Resolving signals” later in this chapter), value for the displayed signals. Generally,

some spectrum analyzers have IF band-  Most RF spectrum analyzers allow an LO  \ye do not want the reference level to
widths as narrow as 1 kHz; others, 10 Hz; frequency as low as, and even below, the  change when we change the input attenu
still others, 1 Hz. Such narrow filters are  first IF. Because there is finite isolation ator, so the settings of the input attenuator
difficult to achieve at a center frequency of between the LO and IF ports of the mixer, and the IF gain are coupled together.
5.1 GHz, so we must add additional mixing the LO appears at the mixer output. When
stages, typically two to four stages, to the LO equals the IF, the LO signal itselfis A change in input attenuation will auto
down-convert from the first to the final IF.  processed by the system and appears as  matically change the IF gain to offset the
Figure 2-5 shows a possible IF chain baseda response on the display, as if it were an  effect of the change in input attenuation,
on the architecture of a typical spectrum  input signal at 0 Hz. This response, the LO thereby keeping the signal at a constant
analyzer. The full tuning equation for this  feedthrough, can mask very low-frequency position on the display.
analyzer is: signals, so not all analyzers allow the display

range to include O Hz.

fsig = fLor= (o2t fLoa™ final 1P
However,

fLoo™ fLos™ final iF
= 4.8 GHz + 300 MHz + 22.5 MHz

=5.1225 GHz, the first IF.

3.6 GHz 5.1225 GHz 322.5 MHz 22.5MHz  Envelope
detector

3.8108.7 GH

4.8 GHz 300 MHz v
Sweep
generator Display

Figure 2-5. Most spectrum analyzers use two to four mixing steps to reach the nal IF.
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Reso|ving sig nals width on the display. The output of a mixer Fortunately, spectrum analyzers have select
includes the sum and difference products able resolution (IF) filters, so it is usually
After the IF gain amplifier, we find the IF  Plus the two original signals (input and LO). possible to select one narrow enough to
section, which consists of the analog or A bandpass filter determines the intermedi resolve closely spaced signals.
digital resolution bandwidth (RBW) filters, ~ate frequency, and this filter selects the
or both. desired mixing product and rejects alll Agilent data sheets describe the ability
other signals. Because the input signal is  to resolve signals by listing the 3-dB
fixed and the local oscillator is swept, the  bandwidths of the available IF filters. This
products from the mixer are also swept. If a number tells us how close together equal-
Frequency resolution is the ability of a mixing product happens to sweep past the amplitude sinusoids can be and still be
spectrum analyzer to separate two input  |F, the characteristic shape of the bandpass resolved. In this case, there will be about a
sinusoids into distinct responses. Fourier filter is traced on the display. See Figure 2-63-dB dip between the two peaks traced out
tells us that a sine-wave signal only has  The narrowest filter in the chain determines by these signals. See Figure 2-7. The signals
energy at one frequency, so we should not the overall displayed bandwidth, and in the can be closer together before their traces
have any resolution problems. Two signals, architecture of Figure 2-5, this filter is in themerge completely, but the 3-dB bandwidth is
no matter how close in frequency, should 22 5-MHz IF a good rule of thumb for resolution of equal-
appear as two lines on the display. But a amplitude signats
closer look at our superheterodyne receiver Two signals must be far enough apart or
shows why signal responses have a definitethe traces they make will fall on top of
each other and look like only one response.

Analog filters

JARY JAA\ / JAAY JAAY
J1T\ J T\ / J 1\ J 1\
/ \ / \ / \ / \ / \
/ \ \ / \ / \ / \
A, \\ A ‘\ 1/ \\ /, N /, \
7 N 7 N 7 N 7 7 N
N
/ JAAY JAA
I 1\ I 1\
Ji
/ / \ / \
/ \ / \
4, /, \\ ), \\
/ o v v ~N

Figure 2-6. As a mixing product sweeps past the IF Iter, the Iter shape is traced on the display

3. If you experiment with resolution on a spectrum
analyzer using the normal (rosenfell) detector mode (See
“Detector types” later in this chapter) use enough video
Itering to create a smooth trace. Otherwise, you will see
smearing as the two signals interact. While the smeared
trace certainly indicates the presence of more than one
signal, it is dif cult to determine the amplitudes of the
individual signals. Spectrum analyzers with positive peak
as their default detector mode may not show the smear
Figure 2-7. Two equal-amplitude sinusoids separated by the 3-dB BW of the selected IF Iter can  ing effect. You can observe the smearing by selecting the
be resolved. sample detector mode.
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More often than not, we are dealing with
sinusoids that are not equal in amplitude.
The smaller sinusoid can actually be lost
under the skirt of the response traced out
by the larger. This effect is illustrated in
Figure 2-8. The top trace looks like a single
signal, but in fact represents two signals:
one at 300 MHz (0 dBm) and another at
300.005 MHz (-30 dBm). The lower trace
shows the display after the 300-MHz signal
is removed.

Another specification is listed for the
resolution filters: bandwidth selectivity

(or selectivity or shape factor). Bandwidth
selectivity helps determine the resolving
power for unequal sinusoids. For Agilent
analyzers, bandwidth selectivity is generally
specified as the ratio of the 60-dB bandwidth
to the 3-dB bandwidth, as shown in Figure
2-9. The analog filters in Agilent analyzers
are a four-pole, synchronously tuned design,
with a nearly Gaussian shapghis type

of filter exhibits a bandwidth selectivity of
about 12.7:1.

Figure 2-8. A low-level signal can be lost under the skirt of the response to a larger signal

—> <«—3dB

e <— 60dB

Figure 2-9. Bandwidth selectivity, ratio of 60-dB to 3-dB bandwidths

4. Some older spectrum analyzer models used ve-pole lters for the narrowest resolution bandwidths to provide improved selectivity of about 10:1. Modern designs achieve even |
selectivity using digital IF lters.
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For example, what resolution bandwidth
must we choose to resolve signals that
differ by 4 kHz and 30 dB, assuming 12.7:1
bandwidth selectivity? Because we are
concerned with rejection of the larger signal
when the analyzer is tuned to the smaller
signal, we need to consider not the full
bandwidth, but the frequency difference
from the filter center frequency to the skirt.
To determine how far down the filter skirt

is at a given offset, we use the following
equation:

H(f) = =10(N) logo [( f/f o)2+ 1]

Where

H(f) is the filter skirt rejection in dB,

N is the number of filter poles,

f is the frequency offset from the center
in Hz, and

. RBW
fois given by221$_1

For our example, N=4 and f = 4000. Let’s
begin by trying the 3-kHz RBW filter.
First, we computef

f 3000 448.44
0—2 21/4_1—3 8

Now we can determine the filter rejection
at a 4-kHz offset:

H(4000) = —10(4) laf(4000/3448.43¥ 1]
= 14.8dB

This is not enough to allow us to see the
smaller signal. Let's determine H( f)
again using a 1-kHz filter:

1000

0= =1149.48
2 241

This allows us to calculate the filter rejection:

H(4000) = —10(4) lpf{4000/1149.48Y 1]
= 44.7 dB

Thus, the 1-kHz resolution bandwidth
filter does resolve the smaller signal, as
illustrated in Figure 2-10.

Figure 2-10. The 3-kHz Iter (top trace) does not resolve the smaller signal; reducing the resolution

bandwidth to 1 kHz (bottom trace) does

Digital filters

Some spectrum analyzers use digital-tech
niques to realize their resolution bandwidth
filters. Digital filters can provide important
benefits, such as dramatically improved
bandwidth selectivity. The Agilent PSA and
X-Series signal analyzers implement all
resolution bandwidths digitally. Other

analyzers, such as the Agilent ESA-E Serie

take a hybrid approach, using analog filters
for the wider bandwidths and digital filters
for bandwidths of 300 Hz and below.

Refer to Chapter 3 for more information on
digital filters.
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Residual FM

The instability and residual FM of the LOs
in an analyzer, particularly the first LO, often
determine the minimum usable resolution
bandwidth. The unstable YIG (yttrium iron
garnet) oscillator used in early analyzers
typically had a residual FM of about 1 kHz.

JBecause this instability was transferred

to any mixing product involving the LO,
there was no point in having resolution
bandwidths narrower than 1 kHz because it
was impossible to determine the cause of
any instability on the display.

However, modern analyzers have dramati
cally improved residual FM. For example,
residual FM in Agilent PXA Series analyzers
is nominally 0.25 Hz; in PSA Series analyz
ers, 1to 4 Hz; and in ESA Series analyzers,
2 to 8 Hz. This allows bandwidths as low as
1 Hz in many analyzers, and any instability
we see on a spectrum analyzer today is due
to the incoming signal.



Phase noise

No oscillator is perfectly stable. Even
though we may not be able to see the
actual frequency jitter of a spectrum analyz
er LO system, there is still a manifestation
of the LO frequency or phase instability that
can be observed. This is known as phase
noise (sometimes called sideband noise).

All are frequency or phase modulated by
random noise to some extent. As previously
noted, any instability in the LO is transferred
to any mixing products resulting from the
LO and input signals. So the LO phase
noise modulation sidebands appear around
any spectral component on the display
that is far enough above the broadband
noise floor of the system (Figure 2-11). The
amplitude difference between a displayed
spectral component and the phase noise
is a function of the stability of the LO. The
more stable the LO, the lower the phase
noise. The amplitude difference is also a
function of the resolution bandwidth. If we
reduce the resolution bandwidth by a factor
of 10, the level of the displayed phase noise Today’s spectrum or signal analyzers, such The PXA signal analyzers phase noise
decreases by 10 8B as Agilent’s X-Series, allow you to select  optimization can also be set to auto mode,
different LO stabilization modes to optimize which automatically sets the instrument'’s
The shape of the phase noise spectrum is the phase noise for different measurement behavior to optimize speed or dynamic
a function of analyzer design, in particular, conditions. For example, the PXA signal  range for various operating conditions.

Figure 2-11. Phase noise is displayed only when a signal is displayed far enough above the system noise oor

the sophistication of the phase-lock loops analyzer offers three different modes: When the span is > 44.44 MHz or the RBW
employed to stabilize the LO. In some is > 1.9 MHz, or the source mode is set to
analyzers, the phase noise is a relatively flat, Optimize phase noise for frequency “Tracking,” the PXA selects Fast Tuning
pedestal out to the bandwidth of the stabiliz  ffsets < 140 kHz from the carrier mode. Otherwise, the PXA automatically

ing loop. In others, the phase noise may fall | this mode. the LO phase noise is opti- chooses Best Close-In Phase Noise when
away as a function of frequency offset from | i-ad for the area close in to the carrier C€Nter frequency <195 kHz, or when center
the signal. Phase noise is specified in terms 4t the expense of phase noise beyond frequency 1 MHz and span 1.3 MHz and

of dBc (dB relative to a carrier) and normal 140-kHz offset. RBW 75 kHz. If these conditions are not
ized to a 1-Hz noise power bandwidth. It is met, the PXA automatically chooses Best
sometimes specified at specific frequency < Optimize phase noise for frequency Wide-Offset Phase Noise. These rules apply
offsets. At other times, a curve is given to offsets > 160 kHz from the carrier when you use swept spans, zero span or
show the phase noise characteristics over a  This mode optimizes phase noise for FFT spans.
range of offsets. offsets above 160 kHz away from

the carrier. In any case, phase noise becomes the
Generally, we can see the inherent phase ultimate limitation in an analyzer’s ability

Optimize LO for fast tuning to resolve signals of unequal amplitude.

noise of a spectrum analyzer only in the . ! )
When this mode is selected, LO behaworAS shown in Figure 2-13, we may have

narrower resolution filters, when it obscures > )
the lower skirts of these filters. The use of ~ COMPromises phase noise at all offsets  yetermined that we can resolve two signals
the digital filters previously described does oM the carrier below approximately  paged on the 3-dB bandwidth and selectivity,
not change this effect. For wider filters, the 2 MHZ. This mode minimizes measure- o 16 find that the phase noise covers up

phase noise is hidden under the filter skit, ~ Ment time and allows the maximum  the'smaller signal.
just as in the case of two unequal sinusoids ~ Méasurement throughput when changing
discussed earlier. the center frequency or span.

5. The effect is the same for the broadband noise oor (or any broadband noise signal). See Chapter 5, “Sensitivity and Noise.”
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Figure 2-12a. Phase noise performance can be optimized for different  Figure 2-12b. Detail of the 140-kHz carrier offset region
measurement conditions

o A /\

Figure 2-13. Phase noise can prevent resolution of unequal signals
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Sweep time

Analog resolution filters

If resolution were the only criterion on which
we judged a spectrum analyzer, we might
design our analyzer with the narrowest pos
sible resolution (IF) filter and let it go at that.
But resolution affects sweep time, and we
care very much about sweep time. Sweep
time directly affects how long it takes to
complete a measurement.

Resolution comes into play because the IF

filters are band-limited circuits that require

finite times to charge and discharge. If the

mixing products are swept through them

too quickly, there will be a loss of displayed

amplitude, as shown in Figure 2-14. (See

“Envelope detector,” later in this chapter, for

another approach to IF response time.) If we

think about how long a mixing product stays

:2 :jr;reegjl;;g&:)r:)drtgntzf t(I)Fbgll:l%r\,NtiZ?Ft\ t:,?g Figure 2-14. Sweeping an analyzer too fast causes a drop in displayedesamplia shift in
. . . indicated frequency

inversely proportional to the sweep in Hz per
unit time, or:

The important message here is that a

4-RBW__ (RBW)(ST)

Time in pass ban Span/ST ~ Span change in resolution has a dramatic effect

on sweep time. Older analog analyzers typi
Where cally provided values in a 1, 3, 10 sequence
RBW = resolution bandwidth and or in ratios roughly equaling the square root
ST = sweep time. of 10. So sweep time was affected by a

factor of about 10 with each step in resolu

On the other hand, the rise time of a filter tion. Agilent X-Series signal analyzers offer
is inversely proportional to its bandwidth, — bandwidth steps of just 10% for an even
and if we include a constant of proportion better compromise among span, resolution
ality, k, then: and sweep time.
_k .

RBW Spectrum analyzers automatically couple

sweep time to the span and resolution

If we make the terms equal and solve for bandwidth settings. Sweep time is adjusted

Rise time

sweep time, we have: to maintain a calibrated display. If the need
arises, we can override the automatic
k RBW)(ST Y )
RBW™ (S_pa)ﬁ(_) setting and set sweep time manually.
If you set a sweep time longer than the
or ST _k (Span) maximum_ availe}ble, the_ analyzer_ indicates
RBW that the display is uncalibrated with a

For the synchronously-tuned, near-Gaussian¥1€as Uncal” message in the upper-right
filters used in many analog analyzers, the Part of the graticule.
value of k is in the 2 to 3 range .
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Digital resolution filters

The digital resolution filters used in Agilent
spectrum analyzers have an effect on sweep
time that is different from the effects we've
just discussed for analog filters. For swept
analysis, the speed of digitally implemented
filters, with no further processing, can show
a two to four times improvement.

However, the X-Series signal analyzers with
Option FS1 are programmed to correct for
the effect of sweeping too fast for resolu

tion bandwidths between about 3 kHz and
100 kHz. As a result, sweep times that

would otherwise be many seconds may be
reduced to milliseconds, depending upon

the particular settings. See Figure 2-14a. The
sweep time without the correction would be
79.8 seconds. Figure 2-14b shows a sweep
time of 1.506 s with Option FS1 installed.

For the widest resolution bandwidths, sweep
times are already very short. For example,
using the formula with k = 2 on a span of

1 GHz and a RBW of 1 MHz, the sweep timeFigure 2-14a. Full span sweep speed, RBW of 20 kHz, without Option FS1
calculates to just 2 msec.

For narrower resolution bandwidths, aralyz
ers such as the Agilent X-Series use fast
Fourier transforms (FFTSs) to process the
data, also producing shorter sweep times
than the formula predicts. The difference
occurs because the signal being analyzed is
processed in frequency blocks, depending
upon the particular analyzer. For example, if
the frequency block was 1 kHz, then when
we select a 10-Hz resolution bandwidth, the
analyzer is in effect simultaneously process
ing the data in each 1-kHz block through
100 contiguous 10-Hz filters. If the digital
processing were instantaneous, we would
expect sweep time to be reduced by a factor
of 100. In practice, the reduction factor is
less, but is still significant. For more inferma
tion on the advantages of digital processing,
refer to Chapter 3.

More information

. . . Figure 2-14b. Full span sweep speed, RBW of 20 kHz, with Option FS1
A more detailed discussion

about fast sweep measure-
ments can be found Wising

Fast-Sweep Techniques to
Accelerate Spur Searches —
Application Notgliterature
number 5991-3739EN
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Envelope detector

Older analyzers typically converted the IF
signal to video with an envelope detéctor
In its simplest form, an envelope detector
consists of a diode, resistive load and )
low-pass filter, as shown in Figure 2-15. The IF signal
output of the IF chain in this example, an
amplitude modulated sine wave, is applied

to the detector. The response of the detector_.
follows the changes in the envelope of the Figure 2-15. Envelope detector
IF signal, but not the instantaneous value of

the IF sine wave itself.

For most measurements, we choose a
resolution bandwidth narrow enough to
resolve the individual spectral components
of the input signal. If we fix the frequency of

the LO so that our analyzer is tuned to one q

of the spectral components of the signal, the
output of the IF is a steady sine wave with

a constant peak value. The output of the
envelope detector will then be a constant

(DC) voltage, and there is no variation for the
detector to follow.

. . Figure 2-16. Output of the envelope detector follows the peaks of the IF signal
More information 9 P P p 9

Additional information on enve The width of the resolution (IF) filter attenuation due to the roll-off of the filter
lope detectors can be found i determines the maximum rate at which The analyzer display will vary between a
the envelope of the IF signal can change. value that is twice the voltage of either (6 dB
This bandwidth determines how far apart  greater) and zero (minus infinity on the log
= ; two input sinusoids can be so that after scale). We must remember that the two
Application Notdijterature the mixing process they will both be within signals are sine waves (vectors) at different
number 5966-4008E. the filter at the same time. Let’'s assume a frequencies, and so they continually change
22.5-MHz final IF and a 100-kHz bandwidthin phase with respect to each other. At some
Two input signals separated by 100 kHz  time they add exactly in phase; at another,
However, there are times when we deliber would produce mixing products of 22.45 andxactly out of phase.

ately choose a resolution bandwidth wide  22.55 MHz and would meet the criterion.

enough to include two or more spectral See Figure 2-16. The detector must be So the envelope detector follows the
components. At other times, we have no  able to follow the changes in the envelope changing amplitude values of the peaks
choice. The spectral components are closer created by these two signals but not the  of the signal from the IF chain but not the

Spectrum and Signal Analyz
Measurements and Noise

in frequency than our narrowest bandwidth. 22.5-MHz IF signal itself. instantaneous values, resulting in the loss
Assuming only two spectral components of phase information. This gives the analyzer
within the pass band, we have two sine The envelope detector is what makes its voltmeter characteristics.

waves interacting to create a beat note, the spectrum analyzer a voltmeter. Let's

and the envelope of the IF signal varies, as duplicate the situation above and have two Digitally implemented resolution bandwidths

shown in Figure 2-16, as the phase betweenequal-amplitude signals in the pass band  do not have an analog envelope detector.

the two sine waves varies. of the IF at the same time. A power meter Instead, the digital processing computes the
would indicate a power level 3 dB above  root sum of the squares of the | and Q data,
either signal, that is, the total power of the which is mathematically equivalent to an
two. Assume that the two signals are close envelope detector. For more information on
enough so that, with the analyzer tuned digital architecture, refer to Chapter 3.
half-way between them, there is negligible

6. The envelope detector should not be confused with the display detectors. See “Detector types” later inthis chapter.

7. Asignal whose frequency range extends from zero (DC) to some upper frequency determined by the circuit elements. Historically, spectrum analyzers with analog displays usec
vertical de ection plates ofthe CRT directly. Hence it was known as the video signal.

8. Forthis discussion, we assume the lter is perfectly rectangular.
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Displays Agilent Technologies (part of Hewlett- put to use in spectrum analyzers. Once
Packard at the time) pioneered a variable- a trace had been digitized and put into

Up until the mid-1970s, spectrum analyzersPersistence storage CRT in which we couldnemory, it was permanently available for

were purely analog. The displayed trace preadjust the fade rate of the display. When  display. It became an easy matter to update

sented a continuous indication of the signalProperly adjusted, the old trace would just the display at a flicker-free rate without

envelope, and no information was lost. fade out at the point where the new trace blooming or fading. The data in memory

However, analog displays had drawbacks. Was updating the display. This display was updated at the sweep rate, and since

The major problem was in handlingthe ~ Was continuous, had no flicker and avoided the contents of memory were written to the

long sweep times required for narrow reso confusing overwrites. It worked quite well, display at a flicker-free rate, we could follow

lution bandwidths. In the extreme case, the but the intensity and the fade rate had to  the updating as the analyzer swept through

display became a spot that moved slowly ~ be readjusted for each new measurement its selected frequency span just as we could

across the cathode ray tube (CRT), with noSituation. When digital circuitry became  with analog systems.

real trace on the display. So a meaningful affordable in the mid-1970s, it was quickly

display was not possible with the longer

sweep times.

Figure 2-17. When digitizing an analog signal, what value should be displayed at each point?
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Detector types

With digital displays, we had to decide what
value should be displayed for each display
data point. No matter how many data points
we use across the display, each point

must represent what has occurred over
some frequency range and, although we
usually do not think in terms of time when
dealing with a spectrum analyzer, over some
time interval.

It is as if the data for each interval is thrown
into a bucket and we apply whatever math is
necessary to extract the desired bit of infor
mation from our input signal. This datum is
put into memory and written to the display.
This process provides great flexibility.

Here we will discuss six different
detector types.

In Figure 2-18, each bucket contains data

from a span and timeframe that is deter Figure 2-18. Each of the 1001 trace points (buckets) covers a 100-kHz frequency span and a

mined by these equations: 0.01-millisecond time span

Frequency:

bucket width = span/(trace points — 1)

Time: <t One bucket >

bucket width = sweep time/(trace points — 1)

Positive pea’

The sampling rates are different for-vari

ous instruments, but greater accuracy is
obtained from decreasing the span or
increasing the sweep time because the
number of samples per bucket will increase
in either case. Even in analyzers with

digital IFs, sample rates and interpolation
behaviors are designed to be the equivalent
of continuous-time processing.

The “bucket” concept is important, as it will
help us differentiate the six detector types: Negative peak

e Sample

» Positive peak (also simply called peak)

. Figure 2-19. The trace point saved in memory is based on the detector type algorithm
* Negative peak
* Normal The first three detectorsample, peak,
andnegative pealire easy to understand
and are visually represented in Figure 2-19.
e Quasipeak Normal, averagandquasipealare more

complex and will be discussed later.

* Average

Let’s return to the question of how to
display an analog system as faithfully as
possible using digital techniques. Let’s
imagine the situation illustrated in

Figure 2-17. We have a display that contains
only noise and a single CW signal.
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Sample detection

As a first method, let us simply select the

data point as the instantaneous level at the

center of each bucket (see Figure 2-19).

This is the sample detection mode. To give

the trace a continuous look, we design a

system that draws vectors between the

points. Comparing Figure 2-17 with 2-20,  Figyre 2-20. Sample display mode using 10 poinfsigure 2-21. More points produce a display closer
it appears that we get a fairly reasonable  to display the signal shown in Figure 2-17 to an analog display
display. Of course, the more points there

are in the trace, the better the replication

of the analog signal will be. The number of

available display points can vary for different

analyzers. On X-Series signal analyzers,

the number of display points for frequency

domain traces can be set from a minimum

of 1 point to a maximum of 40,001 points. As

shown in Figure 2-21, more points do indeed

get us closer to the analog signal.

While thesampledetection mode does a
good job of indicating the randomness of
noise, it is not a good mode for analyzing
sinusoidal signals. If we were to look at a
100-MHz comb on an Agilent PXA, we might
set it to span from 0 to 26.5 GHz. Even with
1,001 display points, each display point
represents a span (bucket) of 26.5 MHz.
This is far wider than the maximum 8-MHz
resolution bandwidth.

As a result, the true amplitude of a comb
tooth is shown only if its mixing product
happens to fall at the center of the IF when
the Samp|e is taken. Figure 2-22a shows a Figure 2-22a. A 10-MHz Span of a 250-kHz comb in the sample display mode
10-MHz span with a 750-Hz bandwidth using
sampledetection. The comb teeth should

be relatively equal in amplitude, as shown

in Figure 2-22b (usipgakdetection).
Thereforesampledetection does not catch

all the signals, nor does it necessarily reflect
the true peak values of the displayed signals.
When resolution bandwidth is narrower

than the sample interval (the bucket width),
sample mode can give erroneous results.

Figure 2-22b. The actual comb over a 10-MHz span using peak (positive) detection
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Peak (positive) detection Negative peak detection Normal detection

One way to insure that all sinusoids are Negative peak detection displays the To provide a better visual display of random
reported at their true amplitudes is to displayminimum value encountered in each bucketnoise than offered peakmode and yet

the maximum value encountered in each It is generally available in most spectrum  avoid the missed-signal problem of the
bucket. This is the positive peak detection analyzers, though it is not used as often as samplemode, thenormaldetection mode

mode, or peak. This mode is illustrated other types of detection. Differentiating CW (informally known as rosenfatiode) is

in Figure 2-22b. Peak is the default mode from impulsive signals in EMC testing is oneoffered on many spectrum analyzers. Should
offered on many spectrum analyzers application where negative peak detection the signal both rise and fall, as determined
because it ensures that no sinusoid is is valuable. Later in this application note, by the positive peak and negative peak
missed, regardless of the ratio between we will see how negative peak detection is detectors, the algorithm classifies the signal
resolution bandwidth and bucket width. also used in signal identification routines  as noise.

However, unlike sample mode, peak does when you use external mixers for high-

not give a good representation of random frequency measurements. In that case, an odd-numbered data point
noise because it only displays the maximum displays the maximum value encountered
value in each bucket and ignores the true during its bucket. And an even-numbered
randomness of the noise. So spectrum data point displays the minimum value
analyzers that use peak detection as their encountered during its bucket. See Figure
primary mode generally also offer sample 2-25Normalandsamplemodes are com
mode as an alternative. pared in Figures 2-23a and 2493b.

Figure 2-23a. Normal mode Figure 2-23b. Sample mode

9. Rosenfell isnot a person’s name but rather a description of the algorithm that tests to see if the signal rose and fell within the bucket represented by a given data point. Itis also
“rose’n’fell.”

10. Because ofits usefulness in measuringsaoigpdedtector is usually used in “noise marker” applications. Similarly, the measurement of channel power and adjacent-channel power r
detector type that gives results unipaséddtgction. For analyzers without averagingsaetpdtdesection is the best choice.
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What happens when a sinusoidal signal

is encountered? We know that as amix
ing product is swept past the IF filter, an
analyzer traces out the shape of the filter
on the display. If the filter shape is spread
over many display points, we encounter a
situation in which the displayed signal only
rises as the mixing product approaches the
center frequency of the filter and only falls
as the mixing product moves away from the
filter center frequency. In either of these
cases, the positive-peak and negative-peak
detectors sense an amplitude change in
only one direction, and, according to the
normal detection algorithm, the maximum
value in each bucket is displayed. See
Figure 2-24.

What happens when the resolution
bandwidth is narrow, relative to a bucket?
The signal will both rise and fall during the
bucket. If the bucket happens to be an odd-
numbered one, all is well. The maximum
value encountered in the bucket is simply
plotted as the next data point. However,

if the bucket is even-numbered, then the
minimum value in the bucketis plotted.
Depending on the ratio of resolution band
width to bucket width, the minimum value
can differ from the true peak value (the one
we want displayed) by a little or a lot. In
the extreme, when the bucket is much wider
than the resolution bandwidth, the difference
between the maximum and minimum values
encountered in the bucket is the fult dif
ference between the peak signal value and
the noise. This is true for the example in
Figure 2-25. See bucket 6. The peak value
of the previous bucket is always compared
to that of the current bucket. The greater
of the two values is displayed if the bucket
number is odd, as depicted in bucket 7. The
signal peak actually occurs in bucket 6 but
is not displayed until bucket 7.

Figure 2-24. Normal detection displays maximum values in buckets where the signal only rises or only falls
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Thenormaldetection algorithm:

If the signal rises and falls within a bucket:
Even-numbered buckets display the
minimum (negative peak) value in the
bucket. The maximum is remembered. Odd-
numbered buckets display the maxi(positive
peak) value determined by comparing the
current bucket peak with the previous
(remembered) bucket peak. If the signal only
rises or only falls within a bucket, the peak

is displayed. See Figure 2-25.

This process may cause a maximum value
to be displayed one data point too far to the
right, but the offset is usually only a small
percentage of the span. Some spectrum
analyzers, such as the Agilent PXA signal
analyzer, compensate for this potential effect
by moving the LO start and stop frequencies.

Another type of error occurs when two
peaks are displayed when only one actually
exists. Figure 2-26 shows this error. The
outline of the two peaks is displayed using
peak detection with a wider RBW.

Sopeakdetection is best for locating CW Figure 2-25. Trace points selected by the normal detection algorithm
signals well out of the noisBampléds best

for looking at noise, ambrmalis best for
viewing signals and noise.

Figure 2-26. Normal detection can show two peaks when only one peak actually exists
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Average detection Log-power (videa)eragingverages the instruments takes an envelope-detected

logarithmic amplitude values (dB) of the signal and passes it through a low-pass
Although modern digital modulation envelope signal measured during the buckeffilter with a bandwidth much less than
schemes have noise-like characteristics, ~ interval. Log power averaging is best for  the RBW. The filter integrates (averages)
sampledetection does not always provide usobserving sinusoidal signals, especially the higher-frequency components such as
with the information we need. For instance, those near noisk: noise. To perform this type of detection in an
when taking a channel power measurement older spectrum analyzer that doesn’t have a
on a W-CDMA signal, integration of the Thus, using the average detector with the  built-in voltage averaging detector function,
rms values is required. This measurement averaging type set to power provides true ~ set the analyzer in linear mode and select a
involves summing power across a range of average power based upon rms voltage,  video filter with a cut-off frequency below
analyzer frequency bucketamplealetec while the average detector with the averag the lowest PRF of the measured signal.
tion does not provide this capability. ing type set to voltage acts as a general-

purpose average detector. The average Quasipeak detectors (QPD) are also used
While spectrum analyzers typically collect ~detector with the averaging type set to log  in EMI testing. QPD is a weighted form
amplitude data many times in each bucket, has no other equivalent. of peak detection. The measured value
sample detection keeps only one of those of the QPD drops as the repetition rate
values and throws away the rest. Onthe ~ Average detection is an improvement over  of the measured signal decreases. Thus,
other hand, an averaging detector uses all Using sample detection for the determinatioran impulsive signal with a given peak
the data values collected within the time of power. Sample detection requires multipleamplitude and a 10-Hz pulse repetition rate
(and frequency) interval of a bucket. Once wéWeeps to collect enough data points to will have a lower quasipeak value than a
have digitized the data, and knowing the cir 9ive Us accurate average power informationsignal with the same peak amplitude but
cumstances under which they were digitized Average detection changes channel power having a 1-kHz repetition rate. This signal
we can manipulate the data in a variety of Measurements from being a summation  weighting is accomplished by circuitry with

ways to achieve the desired results. over a range of buckets into integration specific charge, discharge and display time
over the time interval representing a range constants defined by CISBR
Some spectrum analyzers refer to the of frequencies in a swept analyzer. In a fast

averaging detector as an rms detector whenFourier transfer (FFT) anallzehe summa  QPD is a way of measuring and quantifying
it averages power (based on the root mean tion used for channel power measurements the “annoyance factor” of a signal. Imagine
square of voltage). Agilent X-Series signal changes from being a summation over listening to a radio station suffering from
analyzers have an average detector that ~ display buckets to being a summation over interference. If you hear an occasional “pop”
can average the power, voltage or log of ~ FFT bins. In both swept and FFT cases, the caused by noise once every few seconds,
the signal by including a separate control to integration captures all the power informa  you can still listen to the program without
select the averaging type: tion available, rather than just that which  too much trouble. However, if that same

is sampled by the sample detector. Asa  amplitude pop occurs 60 times per second,
Power (rms) averagiagerages rms levels result, the average detector has a lower it becomes extremely annoying, making the
by taking the square root of the sum of the variance result for the same measurement radio program intolerable to listen to.
squares of the voltage data measured duringime. In swept analysis, it also allows the
the bucket interval, divided by the charac ~ convenience of reducing variance simply by
teristic input impedance of the spectrum ~ €xtending the sweep time.
analyzer, normally 50 ohms. Power averaging
calculates the true average power and is besEMI detectors: average and
for measuring the power of complex signals. quasipeak detection

Voltage averagirgyerages t_he linear volt An important application of average

age data of the enyelope S|g_nal measured_ detection is for characterizing devices for
during the bucket interval. Itis often used in gjoctromagnetic interference (EMI). In this
EMI testing for measuring narrowband sig case, voltage averaging, as described in
nals (this topic will be discussed furtherin previous section, is used for measuring
the next section). Voltage averaging is also .\, -ovband signals that might be masked

useful for observing rise and fall behavior by the presence of broadband impulsive
of AM or pulse-modulated signals such as noise. The average detection used in EMI
radar and TDMA transmitters.

11. See Chapter 5, “Sensitivity and Noise.”
12. Refer to Chapter 3 for more information on the FFT analyzers. They perform math computations on many buckets simultaneously, which improves measurement speed.

13. CISPR, the International Special Committee on Radio Interference, was established in 1934 by a group of international organizations to address radio interference. CISPR isa |
composed of National Committees of the International Electrotechnical Commission (IEC), as well as numerous international organizations. CISPR’s recommended standards ¢
for statutory EMC requirements adopted by governmental regulatory agencies around the world.
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Averaging processes

There are several processes in a spectrum
analyzer that smooth the variations in enve
lope-detected amplitude. The first method,
average detection, was discussed previously.
Two other methods, video filtering and trace
averaging, are discussed nt.

Video filtering

Discerning signals close to the noise is not
just a problem when performing EMC tests.
Spectrum analyzers display signals plus their
own internal noise, as shown in Figure 2-27.
To reduce the effect of noise on the displayed
signal amplitude, we often smooth or aver
age the display, as shown in Figure 2-28.
Spectrum analyzers include a variable video
filter for this purpose. The video filter is a
low-pass filter that comes after the envelope
detector and determines the bandwidth of
the video signal that will later be digitized to
yield amplitude data. The cutoff frequency of
the video filter can be reduced to the point
where it becomes smaller than the band
width of the selected resolution bandwidth
(IF) filter. When this occurs, the video system
can no longer follow the more rapid varia
tions of the envelope of the signal(s) passing
through the IF chain. The result is an averag
ing or smoothing of the displayed signal.

Figure 2-27. Spectrum analyzers display signal plus noise

The effect is most noticeable in measuring
noise, particularly when you use a wide-
resolution bandwidth. As we reduce the
video bandwidth, the peak-to-peak variations
of the noise are reduced. As Figure 2-29
shows, the degree of reduction (degree of
averaging or smoothing) is a function of the
ratio of the video to resolution bandwidths.
At ratios of 0.01 or less, the smoothing is
very good. At higher ratios, the smoothing is
not as good. The video filter does not affect
any part of the trace that is already smooth
(for example, a sinusoid displayed well out
of the noise).

Figure 2-28. Display of Figure 2-27 after full smoothing

More information

A more detailed discussion
about noise markers can be

found inSpectrum and Signal
Analyzer Measurements and
Noise — Application Nate
literature number 5966-4008E

14. Afourth method, called a noise marker, is discussed in
Chapter Sensitivity and Noise.” Figure 2-29. Smoothing effect of VBW-to-RBW ratios of 3:1, 1:10, and 1:100
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If we set the analyzer fmsitive peak
detection mode, we notice two things:
First, if VBW > RBW, then changing the
resolution bandwidth does not make much
difference in the peak-to-peak fluctuations
of the noise. Second, if VBW < RBW,
changing the video bandwidth seems to
affect the noise level. The fluctuations do
not change much because the analyzer

is displaying only the peak values of the
noise. However, the noise level appears to
change with video bandwidth because the
averaging (smoothing) changes, thereby
changing the peak values of the smoothed
noise envelope. See Figure 2-30a. When
we seleciaveragaletection, we see the
average noise level remains constant. See
Figure 2-30b.

Because the video filter has its own
response time, the sweep time increases
approximately inversely with video band
width when the VBW s less than the reso
lution bandwidth. The sweep time (ST) can

therefore be described thys equation: Figure 2-30a. Positive peak detection mode: reducing video bandwidth lowers peak noise but not

average noise

k(Span)
ST (RBW)(VBW)

The analyzer sets the sweep time autemati
cally to account for video bandwidth as well
as span and resolution bandwidth.

Figure 2-30b. Average detection mode: noise level remains constant, regardless of VBW-to-RBW ratios
(3:1, 1:10 and 1:100)
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Trace averaging

Digital displays offer another choice for
smoothing the display: trace averaging.
Trace averaging uses a completely different
process from the smoothing performed using
the average detector. In this case, averaging
is accomplished over two or more sweeps
on a point-by-point basis. At each display

point, the new value is averaged in with the

previously averaged data:

= 1
AﬁVg_ ( n 5 Aprior avgt (n )Ah
where
Aavg = new average value
Aprior avg= average from prior sweep

A= measured value on current sweep
n = number of current sweep

Thus, the display gradually converges to an

average over a number of sweeps. As with

video filtering, we can select the degree of
averaging or smoothing. We do this by set
ting the number of sweeps over which the
averaging occurs. Figure 2-31 shows trace
averaging for different numbers of sweeps.
While trace averaging has no effect on
sweep time, the time to reach a given
degree of averaging is about the same as
with video filtering because of the number
of sweeps required.

In many cases, it does not matter which
form of display smoothing we pick. If the
signal is noise or a low-level sinusoid very
close to the noise, we get the same results
with either video filtering or trace averaging.
However, there is a distinct difference
between the two. Video filtering performs
averaging in real time. That is, we see the

Figure 2-32a. Video ltering

Figure 2-31. Trace averaging for 1, 5, 20 and 100 sweeps, top to bottom (trace position offset for each set
of sweeps

full effect of the averaging or smoothing at spectrum that changes with time can yield

each point on the display as the sweep pro a different average on each sweep when we

gresses. Each point is averaged only once, use video filtering. However, if we choose

for a time of about 1/VBW on each sweep. trace averaging over many sweeps, we will

Trace averaging, on the other hand, requiregget a value much closer to the true average.

multiple sweeps to achieve the full degree ofSee Figures 2-32a and 2-32b.

averaging, and the averaging at each point

takes place over the full time period needed Figures 2-32a and 2-32b show how video

to complete the multiple sweeps. filtering and trace averaging yield different
results on an FM broadcast signal.

As a result, we can get significantly different

results from the two averaging methods on

certain signals. For example, a signal with a

Figure 2-32b. Trace averaging
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Time gating

Time-gated spectrum analysis allows you
to obtain spectral information about signals
occupying the same part of the frequency
spectrum that are separated in the time
domain. Using an external trigger signal to
coordinate the separation of these signals,
you can perform the following operations:

» Measure any one of several signals
separated in time (For example, you can
separate the spectra of two radios time-
sharing a single frequency.)

e Measure the spectrum of a signal in one
time slot of a TDMA system

» Exclude the spectrum of interfering

Measuring time division
duplex signals

To illustrate using time-gating capability to
perform difficult measurements, consider
Figure 2-33a, which shows a simplified
digital mobile-radio signal in which two

radios, #1 and #2, are time-sharing a single *

frequency channel. Each radio transmits a
single 1-ms burst, then shuts off while the
other radio transmits for 1 ms. The chal
lenge is to measure the unique frequency
spectrum of each transmitter.

Unfortunately, a traditional spectrum
analyzer cannot do that. It simply shows
the combined spectrum, as seen in Figure

2-33b. Using the time-gating capability and

signals, such as periodic pulse edge tran2n external trigger signal, you can see the

sients that exist for only a limited time

Why time gating is needed

Traditional frequency-domain spectrum
analysis provides only limited information
for certain difficult-to-analyze signals.
Examples include the following signal types:

* Pulsed RF

e Time multiplexed

» Time domain multiple access (TDMA)

* Interleaved or intermittent

e Burst modulated

In some cases, time-gating capability
enables you to perform measurements that

would otherwise be very difficult, if not
impossible to make.

Figure 2-33b. Frequency spectrum of combined
signals. Which radio produces the spurious
emissions?

spectrum of just radio #1 (or radio #2 if you

wish) and identify it as the source of the
spurious signal shown, as in Figure 2-33c.

Time gating can be achieved using three
different methods we will discuss below.
However, there are certain basic concepts of
time gating that apply to any implementa
tion. In particular, you must have, or be
able to set, the following four items:

An externally supplied gate trigger signal

* The gate control or trigger mode (edge or
level) (The X-Series signal analyzers can
be set to gate-trigger holdoff to ignore
potential false triggers.)

* The gate delay setting, which determines
how long after the trigger signal the gate
actually becomes active and the signal
is observed

The gate length setting, which deter-
mines how long the gate is on and the
signal is observed

Figure 2-33a. Simpli ed digital mobile-radio signal in the time domain

Figure 2-33c. The time-gated spectrum of
signal #1 identi es it as the source of spurious
emission
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Controlling these parameters will allow

us to look at the spectrum of the signal
during a desired portion of the time. If

you are fortunate enough to have a gating
signal that is only true during the period of
interest, you can use level gating, as shown
in Figure 2-34. However, in many cases the
gating signal will not perfectly coincide with
the time we want to measure the spectrum.
Therefore, a more flexible approach is to use
edge triggering in conjunction with a speci
fied gate delay and gate length to precisely
define the time period in which to measure
the signal.

RF signal

. . o . Gate signal
Consider the GSM signal with eight time

slots in Figure 2-35. Each burst is 0.577 ms
and the full frame is 4.615 ms. We may be
interested in the spectrum of the signal
during a specific time slot. For the purposes
of this example, let's assume we are using
only two of the eight available time slots
(time slots 1 and 3), as shown in Figure 2-36.
When we look at this signal in the frequency
domain in Figure 2-37, we observe an
unwanted spurious signal present in the
spectrum. In order to troubleshoot the prob
lem and find the source of this interfering
signal, we need to determine the time slot

in which it is occurring. If we wish to look

at time slot 3, we set up the gate to trigger
on the rising edge of the burst in time slot 3,
and, then specify a gate delay of 1.4577 ms
and a gate length of 461.60 s, as shown in
Figure 2-38. The gate delay assures that we
only measure the spectrum of time slot 3
while the burst is fully on. Note that the gate
start and stop value is carefully selected

to avoid the rising and falling edge of the
burst, as we want to allow time for the RBW
filtered signal to settle out before we make a
measurement. Figure 2-39 shows the spec-
trum of time slot 3, which reveals that the

spurious signal is not caused by this burst. ) - ) ) ) )
Figure 2-35. A TDMA format signal (in this case, GSM) with 8 time slots, time slot zero is “off".

Figure 2-34. Level triggering: the spectrum analyzer only measures the frequency spectrum when the gate
trigger signal is above a certain level

Three methods are commonly used to
perform time gating:

e Gated FFT
* Gated LO

¢ Gated video

32



Figure 2-36. A zero span (time domain) view of the GSM signal with only tigare 2-37. Frequency domain view of the GSM signal with 2 time slots “on”
slots 1 and 3 “on”. showing an unwanted spurious signal present in the spectrum.

Figure 2-38. Time gating is used to look at the spectrum of the GSM time Figure 2-39. Spectrum of time slot 3 reveals that the spurious signal is not
slot 3. caused by this burst.
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Gated FFT

The Agilent X-Series signal analyzers have
built-in FFT capabilities. In this mode, the
data is acquired for an FFT starting at

a chosen delay following a trigger. The

IF signal is digitized and captured for a
time period of 1.83 divided by resolution
bandwidth. An FFT is computed based on
this data acquisition and the results are dis

always need that much resolution, however,of the scan generator is frozen, and the LO

and you could choose a wider RBW with

stops rising in frequency. This technique can

a corresponding narrower gate length. The be much faster than gated video because
minimum usable RBW in gated FFT applicamultiple buckets can be measured during

tions is always lower than the minimum
usable RBW in other gating techniques,
because the IF must fully settle during
the burst in other techniques, which takes
longer than 1.83 divided by RBW.

played as the spectrum. Thus, the spectrums 4 | 0

is that which existed at a particular time of
known duration. This is the fastest gating
technique when the span is not wider than
the FFT maximum width.

To get the maximum possible frequency
resolution, choose the narrowest available
RBW with a capture time that fits within
the time period of interest. You may not

LO gating, sometimes referred to as gated
sweep, is another technique for performing
time gating. With this method, we control
the voltage ramp produced by the scan gen
erator to sweep the LO, as shown in Figure

each burst. As an example, let’s use the
same GSM signal described earlier in this
chapter. Using an X-Series signal analyzer, a
standard, non-gated, spectrum sweep over
a 1-MHz span takes 14.6 ms, as shown in
Figure 2-41. With a gate length of 0.3 ms, the
spectrum analyzer sweep must be built up in
49 gate intervals (14.6 divided by 0.3). Or, if
the full frame of the GSM signal is 4.615 ms,
the total measurement time is 49 intervals
times 4.615 ms = 226 ms. This represents a
significant improvement in speed compared
to the gated video technique, which will be

2-40. When the gate is active, the LO rampSyaqeriped in the following section. LO gating

up in frequency like any spectrum analyzer.
When the gate is blocked, the voltage out

is available on X-Series signal analyzers and
PSA Series spectrum analyzers.

RF IF resolution Envelope Video
step bandwidth IF log detector bandwidth Peak/sample  Analog-digital
attenuator  Mixer Iter amplier (IF to video) Iter detector converter
RF
input
W J€ > Display logic
Local +
oscilator * Scan generator

Figure 2-40. In gated LO mode, the LO sweeps
only during gate interval

Gate
control

Figure 2-41. Spectrum of the GSM signal
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Gated video display point, or bucket, so the peak detectobe 401 times 4.615 ms or 1.85 s. Some

is able to see real data during that time TDMA formats have cycle times as large as
interval. Otherwise, there will be trace points90 ms, resulting in long sweep times using
Yith no data, resulting in an incomplete the gated video technique.

spectrum. Therefore, the minimum sweep

' time is N display buckets times burst cycle Now that you've seen how a classic analog
time. For example, in GSM measurements, spectrum analyzer works and how to use
the full frame lasts 4.615 ms. For an ESA  some of the important features and capabili
spectrum analyzer set to its default value of ties, let's take a look at how replacing some
401 display points, the minimum sweep timeanalog circuits with digital technology

for GSM gated video measurements would improves spectrum analyzer performance.

Gated video is the analysis technique used
in a number of spectrum analyzers, includin
the Agilent 8560, 8590 and ESA Series. In
this case, the video voltage is switched off
or to “negative infinity decibels,” during
the time the gate is supposed to be in its
“blocked” mode. The detector is set to peak
detection. The sweep time must be set

so that the gates occur at least once per

RF IF resolution Envelope Video
step ) bandwidth IF log detector bandwidth Peak/sample  Analog-digital
attenuator Mixer Iter amplier (IF to video) Iter detector converter

Reset

Gate contre(

Local Scan generator +
oscillator N\
Display

Figure 2-42. Block diagram of a spectrum analyzer with gated video
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Chapter 3. Digital IF Overview

ince the 1980s, one of the Digital lters As you will see in a moment, other

most profound changes spectrum and signal analyzers, such as the

in spectrum analysis has You will find a partial implementation of Agilent X-Series analyzers, use an all-digital
digital IF circuitry in the Agilent ESA-E IF, implementing all resolution bandwidth

been the application of dlg.ltal Series spectrum analyzers. While the 1-kHz filters digitally.

technology to replace portions and wider RBWs are implemented with

of spectrum analyzers that had traditional analog LC and crystal filters, the A key benefit of the digital processing done

been implemented previously narrowest bandwidths (1 Hz to 300 Hz) are N these analyze_rs isa b_a_ndv_wdth s_electlwty

as analog circuits. With the realized using digital techniques. As shown ?r:eaggrrto[\t\:/i;;:—fkillltzfSE|$hCetl\gnwe§v3;aSJ§3:3 on
. . . in Figure 3-1, the linear analog signal is ,

availability (.)f. high-performance mixed down to an 8.5-kHz IF and passed ~ Choose to separate the most closely

analog-to-digital converters, through a bandpass filter only 1 kHz wide. SPaced signals.

the latest spectrum analyz This IF signal is amplified, then sampled at o _ -

ers digitize incoming signals an 11.3-kHz rate and digitized. In Chap_ter 2, we dld_ a filter skirt selectivity

much earlier in the signal path calculathn for two signals spgced 4 kHz

compared to spectrum analyzer Once in digital form, the signal is put apart, using a 3-kHz analog filter. Let's

) . through a fast Fourier transform algorithm. repeat that calculation using digital filters. A
designs of just a few years To transform the appropriate signal, the ~ 90od model of the selectivity of digital filters

ago. The change has been mostanalyzer must be fixed-tuned (not sweeping)$ @ hear-Gaussian model:
dramatic in the IF section of That is, the transform must be done on a _ f
the spectrum analyzer. Digital time-domain signal. Thus_the ESA-E S_eries H(f) =-3.01 dB){ RBW/Z]
IF< have had a great impact on analyzers step in 900-Hz increments, instead

of sweeping continuously, when we select where H(f) is the filter skirt rejection in dB.
SPeC"_U m_ ‘T’maly?er performanceone of the digital resolution bandwidths. f is the frequency offset from the center in
with significant improvements  This stepped tuning can be seen on the dis Hz, and is a parameter that controls selec
in speed, accuracy and the play, which is updated in 900-Hz incrementstivity. = 2 for an ideal Gaussian filter. The
ability to measure complex as the digital processing is completed. swept RBW filters used in Agilent spectrum

; ; analyzers are based on a near-Gaussian
S|gnals using advanced DSP model with an value equal to 2.12, result

techniques. ing in a selectivity ratio of 4.1:1.
Log
21.4 MHz ) .
i\
MMWN AWy
L1 J
Linea !
3rd LO Sample and hold

at 11.3 kHz

8.5 kHz CF
1 kHz BW

Figure 3-1. Digital implementation of 1-, 3-, 10-, 30-, 100- and 300-Hz resolution lIters in ESA-E Series spectrum analyzers

1. Strictly speaking, once a signal has been digitized, it is no longer atan intermediate frequency, or IF. At that point, the signal is represented by digital data values. However, we u
to describe the digital processing that replaces the analog IF processing found in traditional spectrum analyzers.
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Entering the values from our example into  other digital hardware. Let’s begin by taking poles and thus has substantial group delay.

the equation, we get: a look at the block diagram of the all-digital Even a very fast-rising RF burst, downcon
4000 7212 IF in the X-Series signal analyzer, as shown verted to the IF frequency, will experience a

H(4 kHzy -3.01 dB E 3000/2 in Figure 3-2. delay of more than three cycles of the ADC

=-24.1dB clock (30 MHz) through the anti-alias filter.

At an offset of 4 kHz, the 3-kHz digital filter !N this case, all 160 resolution bandwidths = The delay allows time for an impending large

is down —24.1 dB compared to the analog filare digitally implemented. However, there is signal to be recognized before it overloads

ter which was only down —14.8 dB. BecauseSOMe analog circuitry prior to the ADC, startthe ADC. The logic circuitry controlling the

of its superior selectivity, the digital filter caniNg With several stages of down conversion, autorange detector will decrease the gain

resolve more closely spaced signals. followed by a pair of single-pole prefilters  in front of the ADC before a large signal

(one an LC filter, the other crystal-based). reaches it, thus preventing clipping. If the

A prefilter helps prevent succeeding stages signal envelope remains small for a long

from contributing third-order distortion in  time, the autoranging circuit increases the

the same way a prefilter would in an analog gain, reducing the effective noise at the

IF. In addition, it enables dynamic range input. The digital gain after the ADC is also

extension via autoranging. The output of thechanged to compensate for the analog gain

Ssingle-pole prefilter is routed to the autor  in front of it. The result is a “floating point”

ange detector and the anti-alias filter. ADC with very wide dynamic range when
autoranging is enabled in swept mode.

As with any FFT-based IF architecture, the

anti-alias filter is required to prevent aliasing

(the folding of out-of-band signals into the

ADC sampled data). This filter has many

All-digital IF

Analyzers such as the Agilent X-Series-com
bine several digital techniques to achieve
the all-digital IF. The all-digital IF offers user:
a wealth of advantages. The combination
of FFT analysis for narrow spans and swept
analysis for wider spans optimizes sweeps
for the fastest possible measurements.
Architecturally, the ADC is moved closer

to the input port, a move made possible by
improvements to the A-to-D converters and

Custom IC

Anti-alias

g Counter l
Iter [}

, log-» pwr pwr= lo
Hilbert |08.. g PNa |08
transform log-» log log- log

Pre lter

Autoranging ADC system

RISC processor

Display
FF Processing

_o_? ?—o—l log/lin I—ldB/divI— Displa:

Figure 3-2. Block diagram of the all-digital IF in the Agilent X-Series signal analyzers
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Figure 3-3 illustrates the sweeping behavior
of the X-Series analyzers. The single-pole
prefilter allows the gain to be turned up
high when the analyzer is tuned far from the
carrier. As the carrier gets closer, the gain
falls and the ADC quantization noise rises.
The noise level will depend on the signal
level frequency separation from the carrier, Typical
. i . ypical
so it looks like a step-shaped phase noise. analog IF
However, phase noise is different from this response
autoranging noise. Phase noise cannot be
avoided in a spectrum analyzer. However,
reducing the prefilter width can reduce M.../
autoranging noise at most frequency offsets
from the carrier. Since the prefilter width is ' )
approximately 2.5 times the RBW, reducing — Frequency or time
the RBW reduces the autoranging noise.

Amplitude
(log)

ADC
clipping threshold

Pre lter gain

Digital IF RBW response
— Noise oor after autoranging
/ Typical LO phase noise

Figure 3-3. Autoranging keeps ADC noise close to the carrier and lower than LO noise or RBW Iter response
Custom digital signal processing

Tuming back to the block diagram of the Additional video processing Frequency counting

digital IF (Figure 3-2), after the ADC gain features

has been set with analog gain and cor Swept spectrum analyzers usually have a
rected with digital gain, a custom IC begins The VBW filter normally smoothes the log frequency .coun.ter. This cpunter counts the
processing the samples. First, it splits the ~ of the magnitude of the signal, but it has ~ Z€T0 CrossIngs in the IF signal and offsets
30-MHz IF samples into | and Q pairs at halfmany additional features. It can convert the that count by the known frequency offsets
the rate (15 Mpairs/s). The | and Q pairs arelog magnitude to a voltage envelope before from LOs |n_the rest of the conversion chain.
given a high-frequency boost with a single- filtering and convert it back for consistent ~ f the count is allowed to run for a second,
stage digital filter that has gain and phase behavior before display detection. you can achieve a resolution of 1 Hz.
approximately opposite to that of the single-

pole analog prefilter. Next, | and Q signals Filtering the magnitude on a linear voltage
are low-pass filtered with a linear-phase scale is desirable for observing pulsed-RF
filter with nearly ideal Gaussian response. envelope shapes in zero span. The log-
Gaussian filters have always been used for magnitude signal also can be converted to ¥ |
swept spectrum analysis, because of their a power (magnitude squared) signal before signal analyzer |nqludes a frequgncy counter
optimum compromise between frequency filtering, and then it can be converted back. that observes not just zero crossings, but
domain performance (shape factor) and  Filtering the power allows the analyzer to /S0 the change in phase. Thus, it can
time-domain performance (response to rapicyive the same average response to signals €solve frequency to the tens-of-millihertz
sweeps). With the signal bandwidth now  with noise-like characteristics, such as level in 0.1 second. With this design, the
reduced, the | and Q pairs may be decimatedigital communications signals, as to Cw  ability to resolve frequency changes is not
and sent to the processor for FFT processingignals with the same rms voltage. An limited by the spectrum analyzer, but rather
or demodulation. Although FFTs can be increasingly common measurement need 1S Qetermlned by the noisiness of the signal
performed to cover a segment of frequency is total power in a channel or across a being counted.

span up to the 10-MHz bandwidth of the ~ frequency range. In a measurement such

anti-alias filter, even a narrower FFT span, as this, the display points might represent

such as 1 kHz, with a narrow RBW, such  the average power during the time the LO

as 1 Hz, would require FFTs with 20 million sweeps through that point. The VBW filter

data points. Using decimation for narrower can be reconfigured into an accumulator to

spans, the number of data points needed to perform averaging on either a log, voltage or

compute the FFT is greatly reduced, speed power scale.

ing up computations.

Because of its digitally synthesized LOs and
all-digital RBWs, the native frequency accu
racy of the X-Series signal analyzer is very
good (0.1% of span). In addition, the X-Series

For swept analysis, the filtered | and Q pairs
are converted to magnitude and phase pairs.
For traditional swept analysis, the magnitude
signal is video-bandwidth (VBW) filtered

and samples are taken through the display
detector circuit. The log/linear display selec
tion and dB/division scaling occur in the
processor, so a trace can be displayed on
any scale without remeasuring.
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More advantages of a||-digita| |F log fidelity on all digital IF implementations uncertainties in the analog prefilter. Again,

is specified at + 0.07 dB for any level up to the prefilter is highly stable and contributes
We have already discussed a number of ~ —20 dBm at the input mixer of the analyzer. only 20 percent of the error that would exist
advantages of signal analyzers with all- The range of the log amp does not limit the with an RBW made of five such stages. As
digital IF: power/voltage/log video filtering, 109 fidelity at low levels, as it would be in  a result, most RBWs are within 2 percent of
high-resolution frequency counting, log/ an analog IF; the range is only limited by  their stated bandwidth, compared to 10 to 20
linear switching of stored traces, excellent hoise around —155 dBm at the input mixer. percent specifications in analog-IF analyzers.
shape factors, an average-across-the Because of single-tone compression in
display-point detector mode, 160 RBWs,  Upstream circuits at higher powers, the Bandwidth accuracy is important for mini
and of course, FFT or swept processing. In fidelity specification degrades to + 0.13 dB  mizing the inaccuracy of channel power
spectrum analysis, the filtering action of for signal levels up to —10 dBm at the input measurements and similar measurements.
RBW filters causes errors in frequency and Mixer. By comparison, analog log amps are The noise bandwidth of the RBW filters is

amplitude measurements that are a functionusually specified with tolerances in the known to much better specifications than
of the sweep rate. For a fixed level of these * 1 dB region. the 2 percent setting tolerance, and noise
errors, the all-digital IF’s linear phase RBW markers and channel-power measurements

filters allow faster sweep rates than analog Other IF-related accuracies are improved asare corrected to a tolerance of + 0.5 per
filters permit. The digital implementation ~ Well. The IF prefilter is analog and must be cent. Therefore, bandwidth uncertainties
also allows well-known compensations to ~ aligned like an analog filter, so it is subject = contribute only + 0.022 dB to the amplitude
frequency and amplitude readout, permittingt© alignment errors, but it is much better  error of noise density and channel-

sweep rates typically twice as fast as older than most analog filters. With only one power measurements.

analyzers and excellent performance at evei$tage to manufacture, that stage can be

four times the sweep speed. Agilent X-Serie§hade much more stable than the 4-and  Finally, with no analog reference-level-
signal analyzers can achieve over 50 times 5-stage filters of analog IF-based spectrum dependent gain stages, there is no “IF gain”
faster sweep speeds (see Chapter 2 - Digitanalyzers. As a result, the gain variations  error at all. The sum of all these improve

resolution filters). between RBW filters is held to a specifica ments means that the all-digital [F makes a
tion of + 0.03 dB for general digital IF guantum improvement in spectrum analyzer
Digitally implemented logarithmic amplifica implementations, which is ten times better accuracy. It also allows you to change ana
tion is very accurate. Typical errors of the ~ than all-analog designs. lyzer settings without significantly impacting
entire analyzer are much smaller than the measurement uncertainty. We will cover this
measurement uncertainty with which the ~ The accuracy of the IF bandwidth is topic in more detail in the next chapter.

manufacturer proves the log fidelity. The  determined by settability limitations in the
digital part of the filtering and calibration
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Chapter 4. Amplitude and Frequency Accuracy

ow let’s look at am pli Components that contribute to uncertainty: the original signal. In most cases, uncer

tude accuracy, or per  « Input connector (mismatch) tainty due to mismatch is relatively small.
haps better, amplitude However, as spectrum analyzer amplitude
H

. RF input attenuator accuracy has improved dramatically in
uncertainty. Most spectrum ) ) ) recent years, mismatch uncertainty now
analyzers are specified in terms* Mixer and input filter (flatness) constitutes a more significant part of total
of both absolute and relative . | gain/attenuation (reference level) ~ Measurement uncertainty. In any case,
accuracy. However, relative improving the match of e@her the source or

e RBW filters analyzer reduces uncertainty.

performance affects both,
so let's look first at factors « Display scale fidelity
affecting relative measurement

S Calibrator (not shown) More information
uncertainty.

Before we discuss these uncertainties, let's !mpedance mismatch is an impor.tant factor FOI’ mqre information abqut ho
look again at the block diagram of an analoéi;1 measurement uncertainty that is often Improving the match of either
swept-tuned spectrum analyzer, shown ( verlqoked. Analyzers dg not have perfect TR0 o)1 analyzer reduces
in Figure 4-1, and see which components Input |mp§dances, anq signal sources do
contribute to the uncertainties. Later in nqt have 'de"?" output_lm_pedances. When a
mismatch exists, the incident and reflected

uncertainty, see the Agilent
his ch " h ital PSA Performance Spectrum
this chapter, we will see how a digita signal vectors may add constructively or Analyzer Series Amplitude

IF and various correction and calibration
techniques can substantially reduce mea-
surement uncertainty.

destructively. Thus the signal received by Accuracy — Technical Overvie
the analyzer can be larger or smaller than literature number 5980-3080E

RF input . _ Log Envelope
attenuator Mixer IF gain IF lter amp detector

Pre-selector, or \I/tlgreo
low-pass Iter
Local
oscillator
Reference
- oscillator
Sweep
generator Display

Figure 4-1. Spectrum analyzer block diagram
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The general expression used to calculate
the maximum mismatch error in dB is:

Error (dB) =—20 log[1 + Knalyz&r( sourcdll

where is the reflection coefficient.
Spectrum analyzer data sheets typically
specify the input voltage standing wave
ratio (VSWR). Knowing the VSWR, we can
calculate with the following equation:

_ (VSWR-1)
~ (VSWR+1)

As an example, consider a spectrum ana

lyzer with an input VSWR of 1.2 and a devicthe local oscillator, both of which add to the

under test (DUT) with a VSWR of 1.4 at its
output port. The resulting mismatch error
would be +0.13 dB.

Since the analyzer’s worst-case match
occurs when its input attenuator is set to

0 dB, we should avoid the 0 dB setting if
we can. Alternatively, we can attach a well-
matched pad (attenuator) to the analyzer
input and greatly reduce mismatch as a
factor. Adding attenuation is a technique
that works well to reduce measurement
uncertainty when the signal we wish to
measure is well above the noise. However,
in cases where the signal-to-noise ratio is
small (typically 7 dB), adding attenuation
will increase measurement error because
the noise power adds to the signal power,
resulting in an erroneously high reading.

Let’s turn our attention to the input attenu

ator. Some relative measurements are madeSWitching uncertaintwhich must be added

with different attenuator settings. In these
cases, we must consider timput attenu
ation switching uncertaintecause an

RF input attenuator must operate over the
entire frequency range of the analyzer, its
step accuracy varies with frequency. The
attenuator also contributes to the overall

The next component in the signal path is theAfter the input signal is converted to an
input filter. Spectrum analyzers use a fixed IF, it passes through the IF gain amplifier
low-pass filter in the low band and a tunableand IF attenuator, which are adjusted to
bandpass filter called a preselector (we will compensate for changes in the RF attenua-
discuss the preselector in more detail in tor setting and mixer conversion loss. Input
Chapter 7) in the higher frequency bands. signal amplitudes are thus referenced to
The low-pass filter has a better frequency the top line of the graticule on the display,
response than the preselector and adds a known as the reference level. The IF

small amount of uncertainty to the frequencyamplifier and attenuator work only at one
response error. A preselector, usually a YIG{frequency and, therefore, do not contribute
tuned filter, has a larger frequency responseto frequency response. However, some
variation, ranging from 1.5 dBto 3dB at  amplitude uncertainty is always introduced
millimeter-wave frequencies. and it depends on how accurately the IF
amplifier and attenuator can be set to a
desired value. This uncertainty is known as
reference level accuracy.

Following the input filter are the mixer and

frequency response uncertairiigure 4-2
illustrates what the frequency response
might look like in one frequency band.
Frequency response is usually specified as
+ x dB relative to the midpoint between

the extremes. The frequency response of
a spectrum analyzer represents the overall
system performance resulting from the
flathess characteristics and interactions of
individual components in the signal path up
to and including the first mixer. Microwave
spectrum analyzers use more than one The most common way to display signals on
frequency band to go above 3.6 GHz. This isa spectrum analyzer is to use a logarithmic
done by using a higher harmonic of the localamplitude scale, such as 10 dB per div or
oscillator, which will be discussed in detail in 1 dB per div. Therefore, the IF signal usually
Chapter 7. When making relative measure passes through a log amplifier. The gain
ments between signals in different frequencycharacteristic of the log amplifier approxi
bands, you must add the frequency responsemates a logarithmic curve. So any deviation
of each band to determine the overall from a perfect logarithmic response adds to
frequency response uncertainty. In addition, the amplitude uncertainty. Similarly, when
some spectrum analyzers havead the spectrum analyzer is in linear mode, the
linear amplifiers do not have a perfect linear
response. This type of uncertainty is called
display scale fidelity.

Another parameter we might change during
the course of a measurement is resolution
bandwidth. Different filters have different
insertion losses. Generally, we see the great
est difference when switching between LC
filters (typically used for the wider resolution
bandwidths) and crystal filters (used for nar
row bandwidths). This results in resolution
bandwidth switching uncertainty.

to the overall measurement uncertainty.

Frequency respoas
Signals in the same harmonic band

+0.5 dB

frequency response. At 1 GHz, we expect the

attenuator performance to be quite good; at

26 GHz, not as good.

-0.5dB
BAND1

Speci cation: 0.5 dB

Figure 4-2. Relative frequency response in a single band
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Relative uncertainty Absolute amplitude accuracy  Itis bestto consider all known uncertain

ties and then determine which ones can
When we make relative measurements on  Almost all spectrum analyzers have a built-irfP€ ignored when making a certain type of
an incoming signal, we use either some partcalibration source that provides a known ~ Measurement. The range of values shown in
of the same signal or a different signal as  reference signal of specified amplitude and Table 4-1 represents the specifications of a
a reference. For example, when we make ~ frequency. We rely on the relative accuracy variety of spectrum analyzers.
second harmonic distortion measurements, of the analyzer to translate the absolute cali
we use the fundamental of the signal as  bration of the reference to other frequencies Some of the specifications, such as
our reference. Absolute values do not come and amplitudes. Spectrum analyzers often frequency response, are frequency-range
into play; we are interested only in how the have an absolute frequency response speci dependent. A 3-GHz RF analyzer might have
second harmonic differs in amplitude from fication, where the zero point on the flatnessa frequency response of + 0.38 dB, while

the fundamental. curve is referenced to this calibration signal.@ Microwave spectrum analyzer tuning in

Many Agilent spectrum analyzers use a  the 26-GHz range could have a frequency
In a worst-case relative measurement 50-MHz reference signal. At this frequency, fesponse of + 2.5 dB or higher. On the other
scenario, the fundamental of the signal the specified absolute amplitude accuracy ishand, other sources of uncertainty, such
may occur at a point where the frequency extremely good: + 0.28 dB for the X-Series as changing resolution bandwidths, apply
response is highest, while the harmonic we signal analyzers. equally to all frequencies.

wish to measure occurs at the point where
the frequency response is the lowest. The

opposite scenario is equally likely. Therefore, ) ) )
if our relative frequency response speeifica Table 4-1. Representative values of amplitude uncertainty for common spectrum analyzers

PR INIILPHEl Armpiiude uncertainties (sdB) |
+
the total uncertainty would be twice that Ampltude pueEnainhesl )
value, or + 1.0 dB. Relative
RF attenuator switching uncertainty 0.18t0 0.7

Perhaps the two signals under test are in

different frequency bands of the spectrum -
analyzer. In that case, a rigorous analysis Reference level accuracy (IF attenuator/gain change) 0.0t0 0.7

Frequency response 0.38t0 2.5

of the overall uncertainty must include the  Resolution bandwidth switching uncertainty 0.03t0 1.0
sum of the flatness uncertainties of the two Display scale delity 0.07 to 1.15
frequency bands. Absolute

Other uncertainties might be irrelevantin a ~ Calibrator accuracy 0.24 10 0.34

relative measurement, like RBW switching
uncertainty or reference level accuracy,
which apply to both signals at the same time.
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Improving overall uncertainty

When we look at total measurement
uncertainty for the first time, we may well

be concerned as we add up the uncertainty
figures. The worst-case view assumes each
source of uncertainty for your spectrum
analyzer is at the maximum specified value,
and all are biased in the same direction at
the same time. The sources of uncertainty

can be considered independent variables, SQvhen evaluating spectrum analyzer

it is likely that some errors will be positive
while others will be negative. Therefore, a
common practice is to calculate the root
sum of squares (RSS) error.

Regardless of whether we calculate the
worst-case or RSS error, we can take steps
to improve the situation. First of all, we
should know the specifications for our
particular spectrum analyzer. These specifi
cations may be good enough over the range.
in which we are making our measurement. |
not, Table 4-1 suggests some opportunities
to improve accuracy.

Before taking any data, we can step through

a measurement to see if any controls can beSome test equipment manufacturers use

left unchanged. We might find that the mea
surement can be made without changing th
RF attenuator setting, resolution bandwidth
or reference level. If so, all uncertainties
associated with changing these controls
drop out. We may be able to trade off refer
ence level accuracy against display fidelity,
using whichever is more accurate and elimi
nating the other as an uncertainty factor.

We can even get around frequency responsey, et performance information that is

if we are willing to go to the trouble of
characterizing our particular anal§izéou

can accomplish this by using a power meter
and comparing the reading of the spectrum
analyzer at the desired frequencies with the
reading of the power meter.

f

e

uses to correct measured data. As a result, Digita| IF architecture and
these self-calibration routines allow us to uncertainties

make good amplitude measurements with a
spectrum analyzer and give us more freedo
to change controls during the course of a
measurement.

"Rs described in the previous chapter, a digi
tal IF architecture eliminates or minimizes
many of the uncertainties experienced in

. . . analog spectrum analyzers. These include:
Speci cations, typical
performance and nominal valuesreference level accuracy (IF gain
uncertainty)

Spectrum analyzers with an all-digital IF,

such as the Agilent X-Series, do not have
IF gain that changes with reference level.
Therefore, there is no IF gain uncertainty.

accuracy, it is important to have a clear
understanding of the many different values
found on an analyzer data sheet. Agilent
Technologies defines three classes of instru
ment performance data: ) o
Display scale fidelity
Specificationgdescribe the performance of A digital IF architecture does not include
parameters covered by the product warrantyy |og amplifier. Instead, the log function is
over a temperature range of 0 to 55 °C performed mathematically, and traditional
(unless otherwise noted). Each instrument  |og fidelity uncertainty does not exist.
is tested to verify it meets the specification However, other factors, such as RF-com
and takes into account the measurement  pression (especially for input signals above
uncertainty of the equipment used to test  _70 dBm), ADC range gain alignment
the instrument. All of the units tested will  accuracy and ADC linearity (or quantiza
meet the specification. tion error) contribute to display scale
uncertainty. The quantization error can be
improved by the addition of noise, which
smoothes the average of the ADC transfer
certain instrument specifications. When function. This added noise is called dither.
evaluating data sheet specifications for ~ \while the dither improves linearity, it does
instruments from different manufacturers, it slightly degrade the displayed average noise
is important to make sure you are comparingevel. In the PSA Series analyzers, we gen
like numbers in order to make an accurate erally recommend you use dither when the
comparison. measured signal has a signal-to-noise ratio
of greater than or equal to 10 dB. When
the signal-to-noise ratio is less than 10 dB,
the degradations to accuracy of any single
not covered by the product warranty. Itis  measurement (in other words, without
performance beyond specification that 80% averaging) that come from a higher noise
of the units exhibit with a 95% confidence f|gor are worse than the linearity problems
level over the temperature range 20 to solved by adding dither, so dither is best
30 °C. Typical performance does not includeirned off.
measurement uncertainty. During manufac

a “2 sigma” or 95% confidence value for

Typicalperformance describes additional

ture, all instruments are tested for typical

The same applies to the calibrator. If we
have a more accurate calibrator, or one
closer to the frequency of interest, we

may wish to use that in lieu of the built-in
calibrator. Finally, many analyzers-avalil
able today have self-calibration routines.
These routines generate error coefficients
(for example, amplitude changes versus
resolution bandwidth) that the analyzer later

performance parameters.

Nominalvalues indicate expected perfor
mance or describe product performance that
is useful in the application of the product,
but is not covered by the product warranty.
Nominal parameters generally are not tested
during the manufacturing process.

2. Should we do so, then mismatch may become a more signi cant error.
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RBW switching uncertainty Table 4-2. Amplitude uncertainties when measuring a 1-GHz signal

The digital IF in the X-Series signal analyzerSs{ei[fo=No it 111 Absolute uncertainty of 1-GH20-dBm signal

includes an analog prefilter set to 2.5 times
the desired resolution bandwidth. This N L

prefilter has some uncertainty in bandwidth, Absolute amplitude accuracy +0.24 dB +0.33dB + 0.40 dB
gain and center frequency as a function of  Frequency response +0.35dB +0.45dB +0.60 dB
the RBW setting. The rest of the RBW filter -

ing is done digitally in an ASIC in the digital Total worst-case uncertainty +0.59 dB +0.78 dB +1.00 dB
IF section. Though the digital filters are not Total RSS uncertainty +0.42dB + 0.56 dB +0.72dB

perfect, they are very repeatable, and some
compensation is applied to minimize the
error. This results in a tremendous overall  Table 4-3. Absolute and relative amplitude accuracy comparison (8563EC and N9030A PXA)
improvement to the RBW switching uncer

tainty compared to analog implementations. Source of uncertainty Measurement of a 10-GHz signat40 dBm

Absolute uncertainty of Relative uncertainty of second

Amplitude uncertainty examples fundamental at 10 GHz ~ harmonic at 20 GHz
) 8563EC N9030A PXA 8563EC N9030A PXA
Lets look at some amplitude uncer Calibrator +03dB  NI/A N/A N/A
tainty examples for various measurements.
Suppose we want to measure a 1-GHz Absolute amplitude  N/A +0.24 dB N/A N/A
RF signal with an amplitude of —20 dBm. accuracy
If we use an Agilent PXA X-Series signal Attenuator N/A N/A N/A N/A
S/r;\l/l\);z:erlvlz::r;’A;ts;n_zlgod&;ivgfI_eiekliz’ Frequency response  +2.9dB  +2.0dB £(22+25)dB £ (2.0+2.0)dB
—20 dBm, log scale, and coupled sweep Band switching N/A N/A +1.0dB N/A
time, and an ambient temperature of 20 uncertainty
to 30 °C, the specifications tell us thatthe  |F gain N/A N/A N/A N/A
absolute uncertainty equals + 0.24 dB plus RBW switchin N/A 003dB N/A N/A
the absolute frequency response. The MXA 9 -
X-Series signal analyzer measuring the sameDisplay scale delity N/A +0.07 dB +0.85dB + 0.07 dB
signal using the same settings would have  Tota| worst-case ~ +3.20dB  *2.34dB +6.55 dB + 4,07 dB

a specified uncertainty of + 0.33 plus the uncertainty
absolute frequency response. These values
are summarized in Table 4-2.

Total RSS uncertainty +2.91dB +2.02dB +3.17dB +2.83dB

At higher frequencies, the uncertainties get
larger. In this example, we want to measure
a 10-GHz signal with an amplitude of

—10 dBm. In addition, we also want to mea

measurements are used to measure the  uncertainty is often described under the
frequencies of specific signals. For example frequencyeadout accuracy specification
we might want to measure a radio broadcastand refers to center frequency, start, stop

sure its second harmonic at 20 GHz. Assumaignal to verify it is operating at its assigned and marker frequencies.

the following measurement conditions: 0 to feduéncy. Absolute measurements are also . . .
55 °C. RBW = 300 kHz. Atten = 10 dB. Ref Used to analyze undesired signals, such as With the introduction of the Agilent 8568A

level = —10 dBm. In Table 4-3, we compare when you search for spurs. Relative-mea  in 1977, counter-like frequency accuracy
the absolute and relative amplitude uncer syremen_ts, on th(_a other hand, are useful forbecame available in a genera_ll-purposfe
tainty of two different Agilent spectrum and discovering the distance between spectral spectrum analyzer, and_ ovenized oscillators
signal analyzers, an 8563EC (with analog IFfomponents or the modulation frequency. were used to reduce _drlft. Ove_r the years,
and N9030A PXA (with digital IF). . crystal retergnce OSC|IIat9rs with various
Up until the late 1970s, absolute frequency forms of indirect synthesis have been added
uncertainty was measured in megahertz ~ to analyzers in all cost ranges. The broadest
Frequency accuracy because the first LO was a high-frequency definition of indirect synthesis is that the
oscillator operating above the RF range of frequency of the oscillator in question is
So far, we have focused almost exclusively the analyzer, and there was no attemptto  in some way determined by a reference
on amplitude measurements. What about  tie the LO to a more accurate reference  oscillator. This includes techniques such as
frequency measurements? Again, we can  oscillator. Today’s LOs are synthesized to  phase lock, frequency discrimination and

classify two broad categoriessoluteand provide better accuracy. Absolute frequencycounter lock.
relativefrequency measurements. Absolute
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What we care about is the effect these When you make relative measurements,  Many analyzers have marker modes that

changes have had on frequency accuracy span accuracy comes into play. For Agilent include internal counter schemes to

(and drift). A typical readout accuracy mightanalyzers, span accuracy generally means eliminate the effects of span and resolution

be stated: the uncertainty in the indicated separation ofbandwidth on frequency accuracy. The-coun
any two spectral components on the displayter does not count the input signal directly,

+ [(freq readout x freq ref error) + A% of For example, suppose span accuracy is 0.5%ut instead counts the IF signal and perhaps

span + B% of RBW + C Hz] of span and we have two signals separated one or more of the LOs, and the processor
by two divisions in a 1-MHz span (100 kHz computes the frequency of the input signal.

Note that we cannot determine an exact per division). The uncertainty of the signal A minimum signal-to-noise ratio is required

frequency error unless we know something separation would be 5 kHz. The uncertainty to eliminate noise as a factor in the count.

about the frequency reference. In most would be the same if we used delta markersCounting the signal in the IF also eliminates
cases, we are given an annual aging rate, and the delta reading was 200 kHz. So we the need to place the marker at the exact
such as + 1 x 18 per year, though some would measure 200 kHz + 5 kHz. peak of the signal response on the display. If
times aging is given over a shorter period you are using this marker counter function,
(for example, + 5 x ¥@per day). In addi When making measurements in the field, placement anywhere near the peak of the

tion, we need to know when the oscillator  we typically want to turn our analyzer on,  signal sufficiently out of the noise will do.
was last adjusted and how close it was set complete our task, and move on as quickly Marker count accuracy might be stated as:
to its nominal frequency (usually 10 MHz). as possible. It is helpful to know how the

Other factors that we often overlook when reference in our analyzer behaves under  + [(marker freq x freq ref error)

we think about frequency accuracy include short warm-up conditions. For example, + counter resolution]

how long the reference oscillator has the Agilent ESA-E Series portable spectrum

been operating. Many oscillators take analyzers will meet published specifications We must still deal with the frequency

24 to 72 hours to reach their specified drift after a 5-minute warm up. reference error, as we previously discussed.
rate. To minimize this effect, some spectrum Counter resolution refers to the least-
analyzers continue to provide power to the Most analyzers offer markers you can put significant digit in the counter readout, a
reference oscillator as long as the instru on a signal to see amplitude and absolute factor here just as with any simple digital
ment is plugged into the AC power line. frequency. However, the indicated frequencygounter. Some analyzers allow you to use
In this case, the instrument is not really of the marker is a function of the frequency the counter mode with delta markers. In that
turned “off.” It is more accurate to say it calibration of the display, the location of the case, the effects of counter resolution and
is on “standby.” We also need to consider marker on the display and the number of  the fixed frequency would be doubled.

the temperature stability, as it can be worse display points selected. Also, to get the best

than the drift rate. In short, there are a frequency accuracy, we must be careful to
number of factors to consider before we canplace the marker exactly at the peak of the
determine frequency uncertainty. response to a spectral component. If we
place the marker at some other point on the
In a factory setting, there is often an response, we will get a different frequency

in-house frequency standard available that reading. For the best accuracy, we may nar-
is traceable to a national standard. Most ~ row the span and resolution bandwidth to
analyzers with internal reference oscillators minimize their effects and to make it easier
allow you to use an external reference. The to place the marker at the peak of
frequency reference error in the foregoing the response.

expression then becomes the error of the

in-house standard.
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Chapter 5. Sensitivity
Sensitivity

e of the primary ways
ngineers use spectrum
analyzers is for searching

out and measuring low-level
sighals. The limitation in these
measurements is the noise
generated within the spectrum
analyzer itself. This noise, gen
erated by the random electron
motion in various circuit ele
ments, is amplified by multiple
gain stages in the analyzer
and appears on the display as
a noise signal. On a spectrum
analyzer, this noise is common
ly referred to as thdisplayed
average noise levedr DANL.
The noise power observed in
the DANL is a combination of
thermal noise and the noise
figure of the spectrum analyzer.
While there are technigues to
measure signals slightly below
the DANL, this noise power
ultimately limits our ability to
make measurements of low-
level signals.

1.

and Noise

Let’'s assume a 50-ohm termination is We can determine the DANL simply by not
attached to the spectrum analyzer input to ing the noise level indicated on the display
prevent any unwanted signals from enteringwhen the spectrum analyzer input is termi
the analyzer. This passive termination genernated with a 50-ohm load. This level is the
ates a small amount of noise energy equal spectrum analyzer’s own noise floor. Signals
to KTB, where: below this level are masked by the noise and
cannot be seen. However, the DANL is not
the actual noise level at the input, but rather
the effective noise level. An analyzer display
is calibrated to reflect the level of a signal

at the analyzer input, so the displayed noise
floor represents a fictitious or effective noise
floor at the input.

k = Boltzmann’s constant
(1.38 x 1&3joule/K)

T = temperature, in Kelvin

B = bandwidth in which the noise is
measured, in Hertz

The total noise power is a function of
measurement bandwidth, so the value is
typically normalized to a 1-Hz bandwidth.
Therefore, at room temperature, the noise
power density is —174 dBm/Hz. When this
noise reaches the first gain stage in the
analyzer, the amplifier boosts the noise,
plus adds some of its own. As the noise

The actual noise level at the input is a
function of the input signal. Indeed, noise is
sometimes the signal of interest. Like any
discrete signal, a noise signal is much easier
to measure when it is well above the effec
tive (displayed) noise floor. The effective
input noise floor includes the losses caused
signal passes on through the system, itis by the input attenuator, mixer conversion
typically high enough in amplitude that the loss, and other circuit elements prior to the
noise generated in subsequent gain stages first gain stage. We cannot do anything
adds only a small amount to the total noise about the conversion loss of the mixers, but
power. The input attenuator and one or moreve can change the RF input attenuator. This
mixers may be between the input connector enables us to control the input signal power
of a spectrum analyzer and the first stage ofto the first mixer and thus change the dis
gain, and all of these components generate played signal-to-noise floor ratio. Clearly, we
noise. However, the noise they generate is aget the lowest DANL by selecting minimum
or near the absolute minimum of —174 dBm/(zero) RF attenuation.

Hz, so they do not significantly affect the

noise level input to the first gain stage, and Because the input attenuator has no

its amplification is typically insignificant. effect on the actual noise generated in the
system, some early spectrum analyzers
simply left the displayed noise at the same
position on the display regardless of the
input attenuator setting. That is, the IF gain
effect on the actual system noise, they do remained constant. In this case, the input
have a marked effect on the ability of an attenuator affected the location of a true
analyzer to display low-level signals becausénput signal on the display. As input attenu-
they attenuate the input signal. That is, ation was increased, further attenuating
they reduce the signal-to-noise ratio and so the input signal, the location of the signal
degrade sensitivity. on the display went down while the noise
remained stationary.

While the input attenuator, mixer and
other circuit elements between the input
connector and first gain stage have little

Displayed average noise level is sometimes confused with the term “sensitivity.” While related, these terms have different meanings. Sensitivity is @ measure ofthe minimum si

de ned signal-to-noise ratio (SNR) or biterror rate (BER). Itisa common metric of radio receiver performance. Spectrum analyzer speci cations are always given in terms of the |
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Beginning in the late 1970s, spectrum
analyzer designers took a different approach.
In newer analyzers, an internal microproces
sor changes the IF gain to offset changes in
the input attenuator. Thus, signals present
at the analyzer’s input remain stationary on
the display as we change the input attenu
ator, while the displayed noise moves up
and down. In this case, the reference level
remains unchanged, as shown in Figure 5-1.
As the attenuation increases from 5 to 15 to
25 dB, the displayed noise rises while the
—30-dBm signal remains constant. In either
case, we get the best signal-to-noise ratio by
selecting minimum input attenuation.

Resolution bandwidth also affects signal-
to-noise ratio, or sensitivity. The noise
generated in the analyzer is random and has
a constant amplitude over a wide frequency
range. Since the resolution, or IF, bandwidth
filters come after the first gain stage, the
total noise power that passes through the
filters is determined by the width of the
filters. This noise signal is detected and
ultimately reaches the display. The random
nature of the noise signal causes the
displayed level to vary as:

Figure 5-1. In modern signal analyzers, reference levels remain constant when you change input attenuation

10 log (BWBW,)

where

BW, = starting resolution bandwidth
B\/\/;= ending resolution bandwidth

So if we change the resolution bandwidth
by a factor of 10, the displayed noise level
changes by 10 dB, as shown in Figure 5-2.
For continuous wave (CW) signals, we get
best signal-to-noise ratio, or best sensitivity,
using the minimum resolution bandwidth
available in our spectrum analyzer

Figure 5-2. Displayed noise level changes as 10 Ig¢2(8\Y/)

2. Broadband, pulsed signals can exhibit the opposite behavior, where the SNR increases as the bandwidth gets larger.

a7



A spectrum analyzer displays signal plus
noise, and a low signal-to-noise ratio makes
the signal difficult to distinguish. We noted
previously that the video filter can be used
to reduce the amplitude fluctuations of
noisy signals without affecting constant
signals. Figure 5-3 shows how the video
filter can improve our ability to discern
low-level signals. The video filter does not
affect the average noise level and so does
not, by this definition, affect the sensitivity
of an analyzer.

In summary, we get best sensitivity for nar
rowband signals by selecting the minimum
resolution bandwidth and minimum input
attenuation. These settings give us the best
signal-to-noise ratio. We can also select
minimum video bandwidth to help us see

a signal at or close to the noise I&velf

course, selecting narrow resolution and video
bandwidths does lengthen the sweep time.

Noise oor extension

While lowering an analyzer's inherent

noise floor through hardware design and
component choices is obviously beneficial
for dynamic range, there are practical limits,
and another approach offers significant
improvement. With sufficient processing and
other technical innovations, the noise power
in a signal analyzer can be modeled and sub
tracted from measurement results to reduce
the effective noise level. In the Agilent PXA
signal analyzer this operation is called noise
floor extension (NFE).

Generally, if you can accurately identify the
noise power contribution of an analyzer, you
can subtract this power from various kinds of
spectrum measurements. Examples include
signal power or band power, ACPR, spurious,
phase noise, harmonic and intermodulation
distortion. Noise subtraction techniques
do not improve the performance of vector
analysis operations such as demodulation or
time-domain displays of signals.
Figure 5-3. Video Iltering makes low-level signals more discernible
Agilent has been demonstrating noise
subtraction capability for some time, using
trace math in vector signal analyzers to though somewhat inconvenient. It involves rected result. It is necessary to re-measure
remove analyzer noise from spectrum and disconnecting the signal from the analyzer, the analyzer noise power every time the
band power measurements. (Similar trace measuring analyzer noise level with a large analyzer configuration (frequency center/
math is available in the Agilent X-Series amount of averaging, reconnecting the span, attenuator/input range, resolution
signal analyzers.) This capability is effective signal and using trace math to display a cor bandwidth) changed.

3. For the effect of noise on accuracy, see “Dynamic range versus measurement uncertainty” in Chapter 6.
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The Agilent PXA analyzers dramatically
improve this measurement technique for
many measurement situations. Critical
parameters that determine the analyzer’s
noise floor are measured when it is-cali
brated, and these parameters are used (with
current measurement information such as
analyzer temperature) to fully model the
analyzer’s noise floor, including changes

in analyzer configuration and operating
conditions. The analyzer’s noise power
contribution is then automatically subtracted
from spectrum and power measurements.
This process in the PXA is called noise floor
extension and is enabled with a keystroke in
the Mode Setup menu. An example is shown
in Figure 5-4.

The effectiveness of NFE can be expressed
in several ways. Average noise power in
the display (DANL) is usually reduced by 10
to 12 dB in the analyzer’s low band (below
3.6 GHz) and about 8 dB in its high band
(above 3.6 GHz). While the apparent noise
level will be reduced, only the analyzer’s
noise power is being subtracted. Therefore,

Figure 5-4. Noise oor extension view of harmonics

the apparent power of signals in the display \|gige gure We can simplify this expression for our

will be reduced if the analyzer's noise power spectrum analyzer. First of all, the output sig

is a significant part of their power, and Many receiver manufacturers specify the ~ nal is the input signal times the gain of the

hot otherwise. performance of their receivers in terms of ~ analyzer. Second, the gain of our analyzer is
_ noise figure, rather than sensitivity. We will Unity because the signal level at the output

Thus measurements of both discrete show you how the two can be equated. (indicated on the display) is the same as the

signals and the noise floor of signal sources , spectrum analyzer is a receiver, and we evel at the input (input connector). So our
connected to the PXA are more accurately | . 'o. 2 mine noise figure on the basis of a €xpression, after substitution, cancellation
measured with NFE enabled. NFE works sinusoidal input. and rearrangement, becomes:

with all spectrum measurements regardless
of RBW or VBW, and it also works with any
type of detector or averaging.

Noise figure can be defined as the F=N/N;

degradation of signal-to-noise ratio as a

signal passes through a device, a spectrum This expression tells us that all we need to
analyzer in our case. We can express noise do to determine the noise figure is compare

More information figure as: the noise level as read_ on thg display to
SIN, the true (not the effective) noise level at
. . . F=——0r_"' the input connector. Noise figure is usually
For more information on using S/N, expressed in terms of dB, or:
noise oor extension, please where
refer to,Using Noise Floor F = noise figure as power ratio (also known NF =10 log(F) = 10 log{N- 10 log(}.
Extension in the PXA Signal as noise factor) _ _
Analyzer — Application Note _ i sulciatane Fethr han the effecive nase level, ecase
i N. = true input noise power )
literature number 5990-5340E sc') = outputpsignal pO\F/)ver our input signal-to-noise ratio was based
N, = output noise power on the true noise. As we saw earlier, when

the input is terminated in 50 ohms, the kKTB
noise level at room temperature in a 1-Hz
bandwidth is =174 dBm.
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We know the displayed level of noise on Preampli ers noise figure of the system is that of the

the analyzer changes with bandwidth. So all spectrum analyzer less the gain of the pre

we need to do to determine the noise figure one reason for introducing noise figure is ~ amplifier. Again we can test by inspection.

of our spectrum analyzer is to measure that it helps us determine how much benefit Connect the preamplifier to the analyzer; if

the noise power in some bandwidth, we can derive from the use of a preamplifierthe displayed noise does not change, we

calculate the noise power that we would A 24-dB noise figure, while good for a spec _have fulfilled the requirement.

have measured in a 1-Hz bandwidth using - trym analyzer, is not so good for a dedicated

10 log(BWBW,), and compare that to receiver. However, by placing an appropriatelesting by experiment means we must have

—174 dBm. preamplifier in front of the spectrum-ana  the equipment at hand. We do not need to

_ lyzer, we can obtain a system (preamplifier/ WOrTy about numbers. \We simply connect

For example, if we measured —110 dBM gpqcrym analyzer) noise figure lower than the preamplifier to the analyzer, note the

\I/Uoiléo-ektl'_'z resolution bandwidth, We ¢ of the spectrum analyzer alone. To the average displayed noise level and subtract
get: extent that we lower the noise figure, we  the gain of the preamplifier. Then we have

NF = [measured noise in dBm] — also improve the system sensitivity. the sensitivity of the system.

10 log(RBW/1) — KT8, 1,
~110 dBm —10 log(10,000/1) — (~174 dBm) When we introduced noise figure in the ~ However, we really want to know ahead of

110 — 40 + 174 previous discussion, we did so on the basis time what a preamplifier will do for us. We
=24 dB of a sinusoidal input signal. We can examinecan state the two cases above as follows:
the benefits of a preamplifier on the same

+ +
Noise figure is independent of bandwfidth  basis. However, a preamplifier also amplifieslf NFF”e pre NF,+ 15 dB,

Had we selected a different resolution band noise, and this output noise can be higher Then NEs = Nfe—2.5 dB

width, our results would have been exactly than the effective input noise of the analyzerAn d

the same. For example, had we chosen a In the “Noise as a signal” section later in

1-kHz resolution bandwidth, the measured this chapter, you will see how a spectrum If NE_+ Gb NF. — 10 dB

noise would have been —120 dBm and 10 analyzer using log power averaging displays Thperﬁ NE e _ NFSA— G '

log(RBW/1) would have been 30. Combininga random noise signal 2.5 dB below its yS SA re

all terms would have given —120 — 30 + 174 actual value. As we explore preamplifiers,

= 24 dB, the same noise figure as above. we shall account for this 2.5 dB factor
where appropriate.

The 24-dB noise figure in our example tells

us that a sinusoidal signal must be 24 dB Rather than develop a lot of formulas to see

above kTB to be equal to the displayed what benefit we get from a preamplifier, let

average noise level on this particular us look at two extreme cases and see when

analyzer. Thus we can use noise figure to each might apply. First, if the noise power

determine the DANL for a given bandwidth out of the preamplifier (in a bandwidth equal

or to compare DANLs of different analyzersto that of the spectrum analyzer) is at least

with the same bandwidh. 15 dB higher than the DANL of the spectru
analyzer, the noise figure of the system is
approximately that of the preamplifier less
2.5 dB. How can we tell if this is the case? 2.5dB, or 5.5 dB. In a 10-kHz resolution
Simply connect the preamplifier to the ._bandwidth, our preamplifier/analyzer system
analyzer and note what happens to the noise < 4 sensitivity of:
on the display. If it goes up 15 dB or more, '
we have fulfilled this requirement.

Using these expressions, we'll see how a
preamplifier affects our sensitivity. Assume
that our spectrum analyzer has a noise
figure of 24 dB and the preamplifier has a
gain of 36 dB and a noise figure of 8 dB. All
we need to do is to compare the gain plus
noise figure of the preamplifier to the noise
figure of the spectrum analyzer. The gain
plus noise figure of the preamplifier is 44 dB,
more than 15 dB higher than the noise
mfigure of the spectrum analyzer, so the noise
figure of the preamplifier/spectrum-analyzer
combination is that of the preamplifier less

KTBs=1+ 10 log(RBW/1) + Nfs

=_174 +40 +55

On the other hand, if the noise power out — 1285 dBm

of the preamplifier (again, in the same
bandwidth as that of the spectrum analyzer)
is 10 dB or more lower than the displayed
average noise level on the analyzer, the

This is an improvement of 18.5 dB
over the —110 dBm noise floor without
the preamplifier.

4. This may not always be precisely true for a given analyzer because of the way resolution bandwidth Iter sectiortee dRctlgaiin. are distributed in t

5. The noise gure computed in this manner cannot be directly compared to that of a receiver because the “measured noise” term in the equation understates the actual noise by 2
titled “Noise as a signal” later in this chapter.
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However, there might be a drawback to the noise power out of the preamplifier is  analyzer. In this case, the displayed noise
using this preamplifier, depending upon our that much higher than the analyzer’'s own floor will not change noticeably when we
ultimate measurement objective. If we want noise floor, even after accounting for the  connect the preamplifier, so although we
the best sensitivity but no loss of measure 2.5 dB factor. It is from this higher noise  shift the whole measurement range down by
ment range, this preamplifier is not the right level that we now subtract the gain of the the gain of the preamplifier, we end up with
choice. Figure 5-5 illustrates this point. A preamplifier. With the preamplifier in place, the same overall range we started with.
spectrum analyzer with a 24-dB noise figureour measurement range is 92.5 dB, 17.5 dB

will have an average displayed noise level ofess than without the preamplifier. The loss To choose the correct preamplifier, we
—110 dBm in a 10-kHz resolution bandwidth.in measurement range equals the change irmust look at our measurement needs.

If the 1-dB compression pdifar that the displayed noise when the preamplifier If we want absolutely the best sensitivity
analyzer is 0 dBm, the measurement range is connected. and are not concerned about measurement
is 110 dB. When we connect the preampli range, we would choose a high-gain, low-

fier, we must reduce the maximum input to Finding a preamplifier that will give us better noise-figure preamplifier so that our system

the system by the gain of the preampilifier to sensitivity without costing us measurement would take on the noise figure of the

—36 dBm. However, when we connect the range dictates that we must meet the secondoreamplifier, less 2.5 dB. If we want better

preamplifier, the displayed average noise  of the above criteria; that is, the sum of its  sensitivity but cannot afford to give up any

level will rise by about 17.5 dB because gain and noise figure must be at least 10 dB measurement range, we must choose a
less than the noise figure of the spectrum  lower-gain preamplifier.

Spectrum analyzer Spectrum analyzer and preampli er

@) @)

1 dB compression

0dBm [
c':‘pre
System 1 dB compression
—-36 dBm
r
110 dB spectrum
analyzer range
92.5dB
system
range DANL
—92.5 dBm
K DANL
—110 dBm Gpre

\ System sensitivity

—128.5 dBm

Figure 5-5. If displayed noise goes up when a preampli er is connected, measurement range is diminished by the amount the noise changes

6. See the section titled “Mixer compression” in Chapter 6.
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Interestingly enough, we can use the input
attenuator of the spectrum analyzer to effec
tively degrade the noise figure (or reduce
the gain of the preamplifier, if you prefer).
For example, if we need slightly better
sensitivity but cannot afford to give up
any measurement range, we can use the
above preamplifier with 30 dB of RF input
attenuation on the spectrum analyzer. This

attenuation increases the noise figure of the NFsa— G, =
re

analyzer from 24 to 54 dB. Now the gain

plus noise figure of the preamplifier (36 + 8)

is 10 dB less than the noise figure of the

analyzer, and we have met the conditions of

the second criterion above.
The noise figure of the system is now:

NFsys =Néa— Gere
=54 dB — 36 dB
=18 dB

This represents a 6-dB improvement over
the noise figure of the analyzer alone with
0 dB of input attenuation. So we have
improved sensitivity by 6 dB and given up
virtually no measurement range.

NFgp— Gyt 3 dB NF,+ 3 dB
NFsp— Gy * 2 dB NF,e+ 2 dB
System Nois
Figure (dB) . NFoa~ Gyret 1 0B NF, .+ 1 dB
NFyre
NF,e— 1 dB
NF,e— 2 dB
NF,.—2.5dB

-10 -5 0 +5 +10 P
N':pre"' Gbre_ NFs, (dB)

Figure 5-6. System noise gure for sinusoidal signals

Next, let’s try two numerical examples. more convenient with a built-in preamplifier,
Above, we determined that the noise figure because the preamplifier/spectrum ana

of our analyzer is 24 dB. What would the  lyzer combination is calibrated as a system,
system noise figure be if we add an Agilent and amplitude values displayed on screen
8447D amplifier, a preamplifier with a noise are already corrected for proper readout.
figure of about 8 dB and a gain of 26 dB?  With an external preamplifier, you must

Of course, there are preamplifiers that fall inFirst, NFg+ Goge— N is +10 dB. From  correct the spectrum analyzer reading with

between the extremes. Figure 5-6 enables
us to determine system noise figure from
a knowledge of the noise figures of the

the graph of Figure 5-6 we find a system  a reference level offset equal to the preamp
noise figure of about Ng— 1.8 dB, or gain. Most modern spectrum analyzers
about 8 — 1.8 = 6.2 dB. The graph accounts allow you to enter the gain value of the

spectrum analyzer and preamplifier and thefor the 2.5-dB factor. On the other hand, if ~external preamplifier from the front panel.

gain of the amplifier. We enter the graph
of Figure 5-6 by determiningsNE- Goge
— NF, If the value is less than zero, we

the gain of the preamplifier is just 10 dB, = The analyzer then applies this gain offset
then Nlgret Goge— N is —6 dB. This to the disp!ayed reference level value, so
time the graph indicates a system noise fig you can directly view corrected measure

find the corresponding point on the dashed ure of NE,— Goggt+ 0.6 dB, or 24 — 10 + 0.6 ments on the display.

curve and read system noise figure as the
left ordinate in terms of dB above\F
Goge If NERet Gope— NFgais a positive
value, we find the corresponding point on
the solid curve and read system noise
figure as the right ordinate in terms of dB
above Npge

Let’s first test the two previous extreme
cases.

As NRget Goge— NRy, becomes less than
—10 dB, we find that system noise figure
asymptotically approachesdlF Gre

As the value becomes greater than

+15 dB, system noise figure asymptotically
approaches NJx less 2.5 dB.

=14.6 dB. (We did not introduce the 2.5-dB
factor previously when we determined the
noise figure of the analyzer alone because . .
we read the measured noise directly from  [IRALR LIl
the display. The displayed noise included thg
2.5-dB factor.) For more details on noise
gure, seeFundamentals of
Many modern spectrum analyzers have RF and Microwave Noise Figu

optional built-in preamplifiers available. - c
Compared to external preamplifiers, built-in MeaSL_Jrements Application
Note, literature number

preamplifiers simplify measurement setups
and eliminate the need for additional 5952-8255E.
cabling. Measuring signal amplitude is muc
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Noise as asignal

So far, we have focused on the noise
generated within the measurement system
(analyzer or analyzer/preamplifier). We
described how the measurement system’s
displayed average noise level limits the
overall sensitivity. However, random noise is
sometimes the signal we want to measure.
Because of the nature of noise, the super
heterodyne spectrum analyzer indicates a
value that is lower than the actual value of
the noise. Let’s see why this is so and how
we can correct for it.

By random noise, we mean a signal whose
instantaneous amplitude has a Gaussian disgigre 5-7. Random noise has a Gaussian amplitude distribution
tribution versus time, as shown in Figure 5-7.
For example, thermal or Johnson noise has
this characteristic. Such a signal has no
discrete spectral components, so we cannot
select some particular component and-mea
sure it to get an indication of signal strength.
In fact, we must define what we mean by
signal strength. If we sample the signal at

an arbitrary instant, we could theoretically
get any amplitude value. We need some
measure that expresses the noise level
averaged over time. Power, which is of
course proportionate to rms voltage, satis
fies that requirement.

We have already seen that both video
filtering and video averaging reduce the
peak-to-peak fluctuations of a signal and can
give us a steady value. We must equate this
value to either power or rms voltage. The

rms value of a Gaussian distribution equals
its standard deviation, . Figure 5-8. The envelope of band-limited Gaussian noise has a Rayleigh distribution

Let's start with our analyzer in the linear dis Rayleigh-distributed noise is scaled by the The gain of a log amplifier is a function of
play mode. The Gaussian noise at the input same factor, giving us a reading of 0.886  signal amplitude, so the higher noise values
is band limited as it passes through the IF  (1.05 dB below ). To equate the mean value are not amplified as much as the lower val
chain, and its envelope takes on a Rayleigh displayed by the analyzer to the rms voltageues. As a result, the output of the envelope
distribution (Figure 5-8). The noise we see of the input noise signal, we must account detector is a skewed Rayleigh distribution,
on our analyzer display, the output of the  for the error in the displayed value. Note,  and the mean value that we get from video
envelope detector, is the Rayleigh-distributethowever, that the error is not an ambiguity; filtering or averaging is another 1.45 dB
envelope of the input noise signal. To get a it is a constant error that we can correct for lower. In the log mode, then, the mean or
steady value, the mean value, we use videoby adding 1.05 dB to the displayed value. average noise is displayed 2.5 dB too low.
filtering or averaging. The mean value of a Again, this error is not an ambiguity, and we
Rayleigh distribution is 1.253 . In most spectrum analyzers, the display can correct for it

scale (log or linear in voltage) controls the
However, our analyzer is a peak-respondingscale on which the noise distribution is aver This is the 2.5-dB factor we accounted for in

voltmeter calibrated to indicate the rms aged with either the VBW filter or with trace the previous preamplifier discussion, when
value of a sine wave. To convert from peak averaging. Normally, we use our analyzer inthe noise power out of the preamplifier was
to rms, our analyzer scales its readout the log display mode, and this mode adds toapproximately equal to or greater than the
by 0.707 (-3 dB). The mean value of the  the error in our noise measurement. analyzer’s own noise.

7. In X-Series analyzers, the averaging can be set to video, voltage or power (rms), independent of display scale. When using power averaging, no correction is needed, since the
determined by the square of the magnitude of the signal, not by the log or envelope of the voltage.
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Another factor that affects noise measure-
ments is the bandwidth in which the
measurement is made. We have seen how

changing resolution bandwidth affects the NFgp— Gyt 3dB NFyet+ 3 dB
displayed level of the analyzer’s internally System Nois
generated noise. Bandwidth affects external Figure (dB) eNFSA— C%re+ 2dB NFpre+ 2dB
noise signals in the same way. To compare
measurements made on different analyzers,
we must know the bandwidths used in NFsp= Gyre* 1 dB NFore+ 1 dB
each case. -

NFSA_ C;bre NFpre
Not only does the 3-dB (or 6-dB) bandwidth -10 5 0 +5  +10
of the analyzer affect the measured noise NFyet Gre— Nisa (dB)
level, the shape of the resolution filter
also plays a role. To make comparisons ) . o
possible, we define a standard noise-power Figure 5-9. System noise gure for noise signals
bandwidth: the width of a rectangular filter
that passes the same noise power as our | oq averaging: that is equal to the displayed average noise
analyzers filter. For the near-Gaussian Logged Rayleigh distribution: 2.50 dB floor. Since the analyzer is calibrated to
filters in Agilent analyzers, the equivalent 3 gg/noise power bandwidths: _ —0.50 dB show the proper amplitude of a sinusoid,
noise-power bandwidth is about 1.05t0  otq) correction: 2.00dB no correction for the signal was needed.
1.13 times the 3-dB bandwidth, depending But noise is displayed 2.5 dB too low, so an
on bandwidth selectivity. For example, @ power (rms voltage) averaging: input noise signal must be 2.5 dB above the
10-kHz resolution bandwidth filter has & pwer distribution: 0.00dB analyzer’s displayed noise floor to be at the
noise-power bandwidth in the range of 10.5 3_4g/noise power bandwidths: _ —0.50 dB  same level by the time it reaches the display.
to 11.3 kHz. Total correction: —-0.50dB The input and internal noise signals add to

) raise the displayed noise by 3 dB, a factor
If we use 10 log(BMBW,) to adjust the Many of today’s microprocessor-controlled of two in power. So we can define the noise
displayed noise level to what we would have, )y zers allow us to activate a noise figure of our analyzer for a noise signal as:
measured in a noise-power bandwidth of they, 4 rker. When we do s, the micropreces
same numeric value as our 3-dB bandwidth,sqr switches the analyzer into the power NFsaqn= (noise floogs . rew—
we find that the adjustment varies from: ;) averaging mode, computes the mean 10 IogeRBW/l) —KTB, +2.5dB
value of a number of display points about

10 10g(10,000/10,500) = -0.21 dB the market normalizes and corrects the If we use the same noise floor we used
to value to a 1-Hz noise-power bandwidth and previously, —110 dBm in a 10-kHz resolution
10 log(10,000/11,300) = -0.53 dB displays the normalized value. bandwidth, we get:

In other words, if we subtract something  The analyzer does the hard part. It is easy NFgan)= —110 dBm — 10 log(10,000/1) —
between 0.21 and 0.53 dB from the indicated, convert the noise-marker value to other (=174 dBm) + 2.5 dB = 26.5 dB

noise level, we have the noise level in a bandwidths. For example, if we want to

noise-power bandwidth that is convenient oy the total noise in a 4-MHz communica As was the case for a sinusoidal signal,
for computations. For the following exam  {jon channel, we add 10 log(4,000,000/1), 0rNFga i independent of resolution

ples, we will use 0.5 dB as a reasonable  gg dB to the noise-marker vafie bandwidth and tells us how far above kTB a

compromise for the bandwidth correction noise signal must be to be equal to the noise
i i floor of our analyzer.

Let’s consider the various correction factors Preamph er for noise Y

to calculate the total correction for each measurements

- When we add a preamplifier to our analyzer,
averaging mode:

the system noise figure and sensitivity

Noise signals are typically low-level signals, improve. However, we have accounted for

Linear (vo'lta.ge) gvergging: . sof}/_\/e_ oftten ne_tte_d_ta EJreampllflerttt? have the 2.5-dB factor in our definition OENE,
Raylelgh distribution (Ilne_ar mgde). 1.05dB ;u icient sensi 'V'ty 0 rr:ea:smtjre er_r:_. i so the graph of system noise figure becomes
3-dB/noise power bandwidths: __—0.50 dB However, we must recaiculale Sensitivity - -, 54 Figure 5-9. We determine system
Total correction: 0.55dB of our analyzer first. We previously defined

noise figure for noise the same way that we

sensitivity as the level of a sinusoidal signal did previously for a sinusoidal signal

8. The X-Series analyzers specify noise power bandwidth accuracy to within 0.5% (+ 0.022 dB).
9. For example, the X-Series analyzers compute the mean over half a division, regardless of the number of display points.

10. Most modern spectrum analyzers make this calculation even easier with the channel power function. You enter the integration bandwidth of the channel and center the signal o
The channel power function then calculates the total signal power in the channel.
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Chapter 6. Dynamic Range

ynamic range is gener
Ily thought of as the
ability of an analyzer to
measure harmonically related
sighals and the interaction
of two or more signals, for

example, to measure second- or

third-harmonic distortion or
third-order intermodulation.

In dealing with such measure
ments, remember that the input
mixer of a spectrum analyzer is
a nonlinear device, so it always
generates distortion of its own.
The mixer is nonlinear for a
reason. It must be nonlinear to
translate an input signal to the
desired IF. But the unwanted
distortion products generated
in the mixer fall at the same
frequencies as the distortion
products we wish to measure
on the input signal.

So we might define dynamic range in
this way: it is the ratio, expressed in dB,
of the largest to the smallest signals
simultaneously present at the input of
the spectrum analyzer that allows
measurement of the smaller signal to a
given degree of uncertainty.

Notice that accuracy of the measurement
is part of the definition. In the following
examples, you will see how both internally
generated noise and distortion affect
accuracy.

Dynamic range versus
internal distortion

To determine dynamic range versus distor
tion, we must first determine just how

our input mixer behaves. Most analyzers,
particularly those using harmonic mixing
to extend their tuning rangeise diode

1. See Chapter 7, “Extending the Frequency Range.”

mixers. (Other types of mixers would behaveThese terms tell us that dynamic range due
similarly.) The current through an ideal diodeto internal distortion is a function of the

can be expressed as: input signal level at the input mixer. Let's
see how this works, using as our definition
of dynamic range, the difference in dB
between the fundamental tone and the
internally generated distortion.

i= |S(eqv/ kT_l)

where | = the diode’s saturation current

q = electron charge (1.60 x3#T)

v = instantaneous voltage

k = Boltzmann’s constant (1.38 x
1023joule/K)

T= temperature in Kelvin

The argument of the sine in the first term
includes 2 4, so it represents the second
harmonic of the input signal. The level of
this second harmonic is a function of the
square of the voltage of the fundamental,
V,2 This fact tells us that for every 1 dB

we drop the level of the fundamental at the
input mixer, the internally generated second
harmonic drops by 2 dB. See Figure 6-1.
The second term includes3the third
harmonic, and the cube of the input-signal
voltage, \IB So a 1-dB change in the
fundamental at the input mixer changes the
internally generated third harmonic by 3 dB.

We can expand this expression into a
power series:

i = Ik + 2 + I8 +.)

where k= q/kT
k, = ki%/2!
ks = ki¥/31, etc.

Let’s now apply two signals to the mixer.
One will be the input signal we wish to Distortion is often described by its order. The
analyze; the other, the local oscillator signal order can be determined by noting the-coef
necessary to create the IF: ficient associated with the signal frequency
or the exponent associated with the signal
amplitude. Thus second-harmonic distortion
is second order and third harmonic distortion
If we go through the mathematics, we arriveis third order. The order also indicates the
at the desired mixing product that, with the change in internally generated distortion
correct LO frequency, equals the IF: relative to the change in the fundamental
tone that created it.

v=\gsin( @) +Vsin( qt)

kVLova cosl( o= 2t

Now let us add a second input signal:
A KV, oV cos[( | o+ ot termis also gen
erated, but in our discussion of the tuning
equation, we found that we want the LO to
be above the IF, so|(;+ ;) is also always
above the IF.

v =\ gsin(  ot) +V; sin( 4t) +\, sin( )

This time, when we go through the math
to find internally generated distortion, in
addition to harmonic distortion, we get:
With a constant LO level, the mixer output
is linearly related to the input signal level.
For all practical purposes, this is true as
long as the input signal is more than 15 to
20 dB below the level of the LO. There are
also terms involving harmonics of the
input signal:

(Ky/8)V, V12VoC0s[ | o= (2 1= HIt,
(k8| V;V,2 cos[ | o— (2 ,— It, etc.

These equations represent intermodulation
distortion, the interaction of the two input
signals with each other. The lower distortion
product, 2, — ., falls below 1 by a fre
guency equal to the difference between the
two fundamental tones,,— ;. The higher
distortion product, 2,— ,, falls above ,

by the same frequency. See Figure 6-1.

(BlgA)V, JV1?sin( -2 t,
(ky/B)V V13sin( | o—3 Pt etc.
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Once again, dynamic range is a func

tion of the level at the input mixer. The dB daB dB
internally generated distortion changes as
the product of }? and \4 in the first case, > dB

of V; and {2 in the second. If\and \4 3 dB
have the same amplitude, the usual case
when testing for distortion, we can treat
their products as cubed termg{wr \49).
Thus, for every dB that we simultaneously
change the level of the two input signals,
there is a 3-dB change in the distortion
components, as shown in Figure 6-1. 1T 1 2 2 ,—

3 dB 3 dB

N
w
N

This is the same degree of change that we
see for third harmonic distortion in Figure  Figure 6-1. Changing the level of fundamental tones at the mixer
6-1. And in fact, this too, is third-order dis

tortion. In this case, we can determine the
degree of distortion by summing the coef

ficients of ;and ,(e.g.,2,—1 ,yields

2 + 1 = 3) or the exponents gfand .

the level at the mixer changes from —40 to We can calculate TOI from data sheet

—50 dBm, the internal distortion, and thus  information. Because third-order dynamic

our measurement range, changes from —75 range changes 2 dB for every 1 dB change

to —85 dBc. In fact, these points fall on a linein the level of the fundamental tone(s) at

with a slope of 1 that describes the dynamicthe mixer, we get TOI by subtracting half of

range for any input level at the mixer. the specified dynamic range in dBc from the
level of the fundamental(s):

All this says that dynamic range depends
upon the signal level at the mixer. How do

we know what level we need at the mixer L .

. We can construct a similar line for third-
for a particular measurement? Most analyzeE)rder distortion. For example, a data sheet TOI = —d/2
data sheets include graphs to tell us how ) pe, Aund

dynamic range varies. However, if no graph 9Nt & third-order distortion is —85
ay . 9 ) ' 9"aPN B¢ for a level of —30 dBm at this mixer. where Aung= level of the fundamental in
is provided, we can draw our éwn n

Again, this is our starting point, and we dBm
We do need a starting point, and this we would plot the point shown in Flgu_re 6-2. d = difference in dBc (a negative
) If we now drop the level at the mixer to value) between fundamental and
must get from the data sheet. Let’s look at : . . A
—40 dBm, what happens? Referring again to distortion

second-order distortion first. Let's assume
the data sheet says second-harmonic distor
tion is 75 dB down for a signal —40 dBm at
the mixer. Because distortion is a relative
measurement, and, at least for the moment,

we are calling our dynamic range the differ at the mixer changes from —30 to —40 dBm,

ence in dB between fundamental tone or the difference between fundamental tone
tones and the internally generated distortion, Attenuator test

: . 'or tones and internally generated distortion
we have our starting point. Internally gener

ated second-order distortion is 75 dB down, C'2N9eS by 20 dB. So the internal distortion | gerstanding the distortion graph is

S0 we can measure distortion down 75 dB. 5. 10® dBC. These o points fall on aline  jimporant, but we can use a simple test

We plot that point on a graph whose axes with a slope of 2, giving us the third-order 4 getermine whether displayed distortion
are labeled distortion (dBc) versus level at performance for any level at the mixer. components are true input signals or

the mixer (level at the input connector minuSg i i o0l iven?ntema"y generated signals. Change the
the input-attenuator setting). See Figure . aerp 1C& IS gIVeNinpyt attenuator. If the displayed value of the
6-2. What happens if the level at the mixer 25 1O! (third-order intercept). This is the  giistortion components remains the same,
drops to —50 dBm? As noted in Figure 6-1, mixer level at which the internally generated;, o components are part of the input signal.

for every 1 dB change in the level of the fun ;E'r:ga"r;‘lirtglg)orgfg ggglqrﬁies ‘Z‘ﬁtﬂz'ﬂg’ntzzn If the displayed value changes, the distor
damental at the mixer there is a 2 dB chang%ot be realized ,in racticé because the mixetlon components are generated_ internally
in the internally generated second harmonic. P br are the sum of external and internally

But for measurement purposes, we are wouldhbe well I?to sa(;ura_ltlor#glqwever, ff ronlqgenerated signals. We continue changing
interested only in the relative change, that = mathematical standpoint, TOl IS a pertectiye attenuator until the displayed distortion
is, in what happened to our measurement good data point because we know the slopegoes not change and then complete the

. of the line. So even with TOI as a startin
range. In this case, for every 1 dB the . . . 9 measurement.
. point, we can still determine the degree of
fundamental changes at the mixer, our

internally generated distortion at a given
measurement range also changes by 1 dB. In Y9 9

; mixer level.
our second-harmonic example, then, when

Figure 6-1, we see that both third-harmonic

distortion and third-order intermodulation  Using the values from the previous
distortion fall by 3 dB for every 1 dB that the discussion:

fundamental tone or tones fall. Again, it is

the difference that is important. If the level TOI =—-30 dBm — (-85 dBc)/2 = +12.5 dBm

2. Formore information on how to construct a dynamic rar@ptehaingd2ynamic Range for Distortion MeasuremAgierPSA Performance Spectrum Analyzer Series
Product Noteliterature number 5980-3079EN.
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Noise

Another constraint on dynamic range is the
noise floor of our spectrum analyzer. Going
back to our definition of dynamic range

as the ratio of the largest to the smallest
signal we can measure, the average noise
of our spectrum analyzer puts the limit on
the smaller signal. So dynamic range ver
sus noise becomes signal-to-noise ratio in
which the signal is the fundamental whose
distortion we wish to measure.

We can easily plot noise on our dynamic
range chart. For example, suppose the data
sheet for our spectrum analyzer specifies a
displayed average noise level of =110 dBm in
a 10-kHz resolution bandwidth. If our signal
fundamental has a level of —40 dBm at the
mixer, it is 70 dB above the average noise,
so we have a 70-dB signal-to-noise ratio. For
every 1 dB we reduce the signal level at the
mixer, we lose 1 dB of signal-to-noise ratio.
Our noise curve is a straight line having a
slope of -1, as shown in Figure 6-2.

If we ignore measurement accuracy-con

TOI SHI
Of = = == === = m = - = P—-——->
/
-10. 1 ’
I /
i’
-20/ < 7/
3§
30 SIS
S Z 1
—40 |
|
5 501 %, 1
[oa So I
= 2
—60/ o 1
|
—701 . d|
Maximum 2nd order
dynamic range
—80] | S{—— Maximum 3rd ordér
4 .I dynamic range |
-90+ @ptimum.l |
mixer levgysy 1 I
-100 ; r A \ , ,
-60 -50 40 -30 -20 -100 +10

Mixer level (dBm)

siderations for a moment, the best dynamic Figure 6-2. Dynamic range versus distortion and noise

range will occur at the intersection of the
appropriate distortion curve and the noise
curve. Figure 6-2 tells us that our maximum
dynamic range for second-order distortion is
72.5 dB; for third-order distortion, 81.7 dB.
In practice, the intersection of the noise and
distortion graphs is not a sharply defined
point, because noise adds to the CW-like
distortion products, reducing dynamic range
by 2 dB when you use the log power scale
with log scale averaging.

Figure 6-2 shows the dynamic range for
one resolution bandwidth. We certainly

can improve dynamic range by narrowing
the resolution bandwidth, but there is not

a one-to-one correspondence between the
lowered noise floor and the improvement in
dynamic range. For second-order distortion,
the improvement is one half the change in
the noise floor; for third-order distortion,
two-thirds the change in the noise floor. See
Figure 6-3.

I 2nd order .
______ dynamic range improvemen

[ 3rd order )
dynamic range improvement

—6

30 -20 -100  +10

Mixer level (dBm)

—40

0 -50

Figure 6-3. Reducing resolution bandwidth improves dynamic range
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The final factor in dynamic range is the
phase noise on our spectrum analyzer LO,
and this affects only third-order distortion
measurements. For example, suppose we
are making a two-tone, third-order distortion
measurement on an amplifier, and our test 20
tones are separated by 10 kHz. The third-

order distortion components will also be

separated from the test tones by 10 kHz. For -30+
this measurement, we might find ourselves
using a 1-kHz resolution bandwidth.
Referring to Figure 6-3 and allowing for a
10-dB decrease in the noise curve, we would
find a maximum dynamic range of about 88
dB. Suppose however, that our phase noise
at a 10-kHz offset is only —80 dBc. Then 80
dB becomes the ultimate limit of dynamic —60-
range for this measurement, as shown in
Figure 6-4.

In summary, the dynamic range of aspec

trum analyzer is limited by three factors:
Ctarti i B0 = = = =@ —

the distortion performance of the input Dynamic range

mixer, the broadband noise floor (sensitivity) reduction d

of the system and the phase noise of the _gol to phase noise ~

local oscillator.

. Phase noise
(10 kHz offset)

Dynamic range versus -10¢
measurement uncertainty

-110 i i i i . i i
In our previous discussion of amplitude -60 -50 -40  -30 -20 -10 O +10
accuracy, we included only those items Mixer level (dBm)
listed in Table 4-1, plus mismatch. We did

not cover the possibility of an internally
generated distortion product (a sinusoid) Figure 6-4. Phase noise can limit third-order intermodulation tests

being at the same frequency as an external
signal we wished to measure. However,
internally generated distortion components
fall at exactly the same frequencies as the
distortion components we wish to measure
on external signals. The problem is that

we have no way of knowing the phase
relationship between the external and
internal signals. So we can determine only a
potential range of uncertainty:

Maximum
| error (dB)

Uncertainty (in dB) = 20 log(l +V20)

where d = difference in dB between
the larger and smaller sinusoid
(a negative number)

Delta (dBc)

Figure 6-5. Uncertainty versus difference in amplitude between two sinusoids at the
same frequency
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See Figure 6-5. For example, if we set up

conditions such that the internally generated
distortion is equal in amplitude to the distor 04
tion on the incoming signal, the error in the
measurement could range from +6 dB (the
two signals exactly in phase) to infinity (the -10+
two signals exactly out of phase and sa can
celing). Such uncertainty is unacceptable in

most cases. If we put a limit of £1 dB on the —20+
measurement uncertainty, Figure 6-5 shows
us that the internally generated distortion _30/)

product must be about 18 dB below the
distortion product we wish to measure. To

draw dynamic range curves for second- and —40+
third-order measurements with no more 4,

o .
than 1 dB of measurement error, we must /‘S‘o
then offset the curves of Figure 6-2 by 18 dB & —50+ 5dB
as shown in Figure 6-6. 2

—60+ ‘
Next, let's look at uncertainty due to low

signal-to-noise ratio. The distortion eom
ponents we wish to measure are, we hope, —70+
low-level signals, and often they are at—or
very close to—the noise level of our spectrum
analyzer. In such cases, we often use the
video filter to make these low-level signals
more discernible. Figure 6-7 shows the error
in displayed signal level as a function of dis
played signal-to-noise for a typical spectrum
analyzer. The error is only in one direction, -100 ; ; ; ' ;
so we could correct for it. However, we -60 -50 -40 -30 -20 -10 O +10
usually do not. So for our dynamic range Mixer level (dBm)

measurement, let's accept a 0.3-dB error due

to noise and offset the noise curve in our

dynamic range chart by 5 dB, as shown in Figure 6-6. Dynamic range for 1.3-dB maximum error

Figure 6-6. Where the distortion and noise

curves intersect, the maximum error-pos

sible would be less than 1.3 dB.

—-80-1 18

—90.

g N

7
Let’s see what happened to our dynamic %T
range as a result of our concern with = 6
measurement error. As Figure 6-6 shows, %
second-order-distortion dynamic range 3 5
changes from 72.5 to 61 dB, a change of g \
11.5 dB. This is one half the total offsets for ‘® \
the two curves (18 dB for distortion; 5 dB for g 4
noise). Third-order distortion changes from & \
81.7 dB to about 72.7 dB for a change of k% 3
about 9 dB. In this case, the change is one 2 \
third of the 18-dB offset for the distortion 'g \
curve plus two thirds of the 5-dB offset for £ 2
the noise curve. w \

1 N

\\
0 S —

0 1 2 3 4 5 6 7 8
Displayed S/N (dB)

Figure 6-7. Error in displayed signal amplitude due to noise
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A third method, called pulse compression,
measures the change in system gain

In our discussion of dynamic range, we did {0 @ narrow (broadband) RF pulse while
not concern ourselves with how accurately the power of the pulse is swept upward.

relative basis. As we raise the level of a  resolution bandwidth much narrower than

Gain compression

The range of the log amplifier can be
another limitation for spectrum analyzers
with analog IF circuitry. For example,
ESA-L Series spectrum analyzers use an
85-dB log amplifier. Thus, only measure
ments that are within 85 dB below the

sinusoidal input signal, eventually the level the bandwidth of the pulse, so our analyzer reference level are calibrated.

at the input mixer becomes so high that ~ displays the signal level well below the
the desired output mixing product no longer Peak pulse power. As a result, we could be
changes linearly with respect to the input ~ unaware of the fact that the total signal
signal. The mixer is in saturation, and power is above the mixer compression

the displayed signal amplitude is too low. threshold. A high threshold improves sig
Saturation is gradual rather than sudden. nal-to-noise ratio for high-power, ultranar
To help us stay away from the saturation
condition, the 1-dB compression point

is normally specified. Typically, this gain
compression occurs at a mixer level in
the range of -5 to +5 dBm. Thus we can
determine what input attenuator setting to

is about 12 dB higher than for two-tone

compression in the Agilent X-Series signal
analyzers. Nevertheless, because different
compression mechanisms affect CW, two-

The question is, can the full display range

be used? From the previous discussion of
dynamic range, we know the answer is
generally yes. In fact, dynamic range often
exceeds display range or log amplifier range.

row or widely-chirped pulses. The thresholdTo bring the smaller signals into the-cali

brated area of the display, we must increase
IF gain. But in so doing, we may move the
larger signals off the top of the display,
above the reference level. Some Agilent ana

tone and pulse compression differently, any lyzers, such as the X-Series, allow measure

use for accurate measurement of high-levePf the compression thresholds can be lowerments of signals above the reference level

signal$. Spectrum analyzers with a digital than any other.
IF will indicate that ADC is over-ranged.
Display range and
Actually, there are three different methods measurement range
of evaluating compression. A traditional
method, called CW compression, measures ,, aqditional ranges are often confused
the change in gain of a device (amplifier with dynamic range: display range and
or mixer or system) as the input signal 045 rement range. Display range, often
power is swept upward. This method called display dynamic range, refers to the

is the one just described. Notethat the  ¢»jinrated amplitude range of the spectrum
CW compression point is considerably

higher than the levels for the fundamentals
indicated previously for even moderate
dynamic range. So we were correct in not
concerning ourselves with the possibility of
compression of the larger signal(s).

ten divisions would seem to have a 100-dB
display range when we select 10 dB per
division. This is certainly true for today’s
analyzers with digital IF circuitry, such

as the Agilent X-Series. It is also true for
the Agilent ESA-E Series analyzers when
you use the narrow (10- to 300-Hz) digital
resolution bandwidths. However, spectrum

A second method, called two-tone compres
sion, measures the change in system gain

fora S”?a” S|gnal while the power of a analyzers with analog IF sections typically
larger signal is swept upward. Two-tone 50 cajibrated only for the first 85 or 90 dB
compression applies to the measurement Ofbelow the reference level. In this case, the
multiple CW signals, such as sidebands a”dbottom line of the graticule represents

independent signals. The threshold of-com
pression of this method is usually a few dB
lower than that of the CW method. This is 85 or 90 dB to infinity, relative to the
the method used by Agilent Technologies to reference level.

specify spectrum analyzer gain compression.

signal amplitudes of zero, so the bottom
portion of the display covers the range from

3.
of the graticule. This feature keeps us from making incorrect measurements on CW signals inadvertently.
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without affecting the accuracy with which

the smaller signals are displayed, as shown
in Figure 6-8 (see page 61). So we can
indeed take advantage of the full dynamic
range of an analyzer even when the dynamic
range exceeds the display range. In Figure
6-8, even though the reference level has
changed from —20 dBm to —50 dBm, driving
the signal far above the top of the screen,
the marker readout remains unchanged.

analyzer display. For example, a display Wm}\/leasurement range is the ratio of the

largest to the smallest signal that can be
measured under any circumstances. The
maximum safe input level, typically +30 dBm
(1 watt) for most analyzers, determines

the upper limit. These analyzers have input
attenuators you can set to 60 or 70 dB, so
you can reduce +30 dBm signals to levels
well below the compression point of the
input mixer and measure them accurately.
The displayed average noise level sets the
other end of the range. Depending on the
minimum resolution bandwidth of the-par
ticular analyzer and whether or not you are
using a preamplifier, DANL typically ranges
from —115 to —170 dBm. Measurement
range, then, can vary from 145 to 200 dB. Of
course, we cannot view a —170-dBm signal
while a +30-dBm signal is also present at
the input.

Many analyzers internally control the combined settings of the input attenuator and IF gain so that a CW signal as high as the compression level at the input mixer creates a de |



Adjacent channel power
measurements

TOI, SOI, 1-dB gain compression, and
DANL are all classic measures of spectrum
analyzer performance. However, with the
tremendous growth of digital communica
tion systems, other measures of dynamic
range have become increasingly important.
For example, adjacent channel power
(ACP) measurements are often done in
CDMA-based communication systems to
determine how much signal energy leaks
or “spills over” into adjacent or alternate
channels located above and below a carrier.
An example ACP measurement is shown in
Figure 6-9.

Note the relative amplitude difference
between the carrier power and the adjacent
and alternate channels. You can measure up
to six channels on either side of the carrier
at a time.

Typically, we are most interested in the
relative difference between the signal power
in the main channel and the signal power in
the adjacent or alternate channel. Depending
on the particular communication standard,
these measurements are often described
as “adjacent channel power ratio” (ACPR)
or “adjacent channel leakage ratio” (ACLR)
tests. Because digitally modulated signals
and the distortion they generate are very
noise-like in nature, the industry standards
typically define a channel bandwidth over
which the signal power is integrated.

To accurately measure ACP performance of Bigure 6-8. Display range and measurement range on the PXA spectrum analyzer
device under test such as a power amplifier,

the spectrum analyzer must have better ACP

performance than the device being tested.

Therefore, spectrum analyzer ACPR dynamic

range has become a key performance mea

sure for digital communication systems.

Figure 6-9. Adjacent channel power measurement using a PXA spectrum analyzer
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Chapter 7. Extending the Frequency Range

S more wireless services

continue to be introduced

and deployed, the avail
able spectrum has become mor

Internal harmonic mixing

In Chapter 2, we described a single-range
pectrum analyzer that tunes to 3.6 GHz.
ow we want to tune higher in frequency.

and more crowded. As a result, The most practical way to achieve an

there has been an ongoing
trend toward developing new

extended range is to use harmonic mixing.

products and SerVI(:eS at hlgher But |et us take one Step atatime. In

frequencies. In addition, new
microwave technologies con

developing our tuning equation in Chapter
2, we found that we needed the low-pass
filter shown in Figure 2-1 to prevent higher-

tinue to evolve, driving the needfrequency signals from reaching the mixer.

for more measurement capabil
ity in the microwave bands.
Spectrum analyzer designers
have responded by developing
instruments capable of directly
tuning up to 50 GHz using a
coaxial input. Even higher
frequencies can be measured
using external mixing tech
niques. This chapter describes
the techniques used to enable

tuning the spectrum analyzer to

such high frequencies.

Low
band path 5 5 Gh,
Input o—
signa [
High
ba?]d path 3.8108.7 GHz

The result was a uniquely responding,
single-band analyzer that tuned to 3.6 GHz.
To observe and measure higher-frequency

that the IF should not be within the band of
interest because it created a hole in our tun
ing range in which we could not make mea
surements. So we chose 5.1 GHz, moving
the IF above the highest tuning frequency

of interest (3.6 GHz). Our new tuning range
will be above 3.6 GHz, so it seems logical to
move the new IF to a frequency below 3.6
GHz. A typical first IF for these higher fre
guency ranges in Agilent spectrum analyzers
is 322.5 MHz. We will use this frequency in
our examples. In summary, for the low band,
up to 3.6 GHz, our first IF is 5.1 GHz. For the
upper frequency bands, we switch to a first
IF of 322.5 MHz. In Figure 7-1, the second IF
is already 322.5 MHz, so all we need to do

signals, we must remove the low-pass filter. When we want to tune to the higher ranges

Other factors that we explored in developing

the tuning equation were the choice of LO
and intermediate frequencies. We decided

5.1225 GHz

N

iR
b

Toexternal
mixer

4.8 GHz

Preselector

322.5 MHz

322.5 MHz

is bypass the first IF.

Analog or
22.5 MHzdigital IF

300 MHz

Sweep generator

Figure 7-1. Switching arrangement for low band and high bands
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In Chapter 2, we used a mathematical
approach to conclude that we needed a
low-pass filter. The math becomes more
complex in the situation here, so we will use
a graphical approach to see what is-hap
pening. The low band is the simpler case,
so we'll start with that. In all of our graphs,
we will plot the LO frequency along the
horizontal axis and signal frequency along
the vertical axis, as shown in Figure 7-2. We
know we get a mixing product equal to the
IF (and therefore a response on the display)
whenever the input signal differs from the
LO by the IF. Therefore, we can determine
the frequency to which the analyzer is tuned
simply by adding the IF to, or subtracting

it from, the LO frequency. To determine

our tuning range, we start by plotting the

LO frequency against the signal frequency
axis, as shown by the dashed line in Figure
7-2. Subtracting the IF from the dashed line
gives us a tuning range of 0 to 3.6 GHz, the
range we developed in Chapter 2. Note that
this line in Figure 7-2 is labeled “1 " to
indicate fundamental mixing and the use of
the minus sign in the tuning equation. We
can use the graph to determine what LO
frequency is required to receive a particular
signal or to what signal the analyzer is tuned
for a given LO frequency. To display a 1-GHz
signal, the LO must be tuned to 6.1 GHz. For
an LO frequency of 8 GHz, the spectrum ana
lyzer is tuned to receive a signal frequency
of 2.9 GHz. In our text, we round off the first
IF to one decimal place; the true IF, 5.1225
GHz, is shown on the block diagram.

Now let's add the other fundamental-mixing
band by adding the IF to the LO line in
Figure 7-2. This gives us the solid upper line,
labeled 1+, that indicates a tuning range

~N
5 13 //
§ /‘
o 9 — -
= +HF - - LO frequency,
o L - = T GHz
Z 5 -— 1
T - -
S - —IF
N 1 v 1+
34
3 4 5 6 7 8 9
LO frequency (GHz)

Figure 7-2. Tuning curves for fundamental mixing in the low band, high IF case

25

. /
~ .
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- - =2xLO
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3 4 5 6 7 8 9
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LO frequency (GHz)

from 8.9 to 13.8 GHz. Note that.for a givgn Figure 7-3. Signals in the “1 minus” frequency range produce single, unambiguous responses in the
LO frequency, the two frequencies to which |ow-band, high-IF case

the analyzer is tuned are separated by twice
the IF. Assuming we have a low-pass filter at

the input while measuring signals in the low €quals the IF produces a response on the  Multiplying the LO frequency by two yields
band, we will not be bothered by signals in display. In other words, our tuning (mixing) the upper dashed line of Figure 7-3. As

the 1+ frequency range.

Next let’s see to what extent harmonic
mixing complicates the situation. Harmonic
mixing comes about because the LO pro
vides a high-level drive signal to the mixer
for efficient mixing, and because the mixer is
a non-linear device, it generates harmonics
of the LO signal. Incoming signals can mix
against LO harmonics just as well as the
fundamental, and any mixing product that

fsig= Mo fie

equation now becomes:

where n = LO harmonic
(Other parameters remain the same
as previously discussed.)

we did for fundamental mixing, we simply
subtract the IF (5.1 GHz) from and add it to
the LO second-harmonic curve to produce
the 2 and 2+ tuning ranges. Since neither
of these overlap the desired 1 tuning range,
we can again argue that they do not really
complicate the measurement process. In
other words, signals in the 1 tuning range

Let’'s add second-harmonic mixing to

our graph in Figure 7-3 and see to what
extent this complicates our measurement
procedure. As before, we first plot the LO

produce unique, unambiguous responses
on our analyzer display. The same low-pass
filter used in the fundamental mixing case
works equally well for eliminating responses

frequency against the signal frequency axis.created in the harmonic mixing case.
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The situation is considerably different for

the high-band, low-IF case. As before, we 10+
start by plotting the LO fundamental against
the signal-frequency axis and then add

and subtract the IF, producing the results
shown in Figure 7-4. Note that the 1 and

1+ tuning ranges are much closer together,
and in fact overlap, because the IF is a much
lower frequency, 322.5 MHz in this case.
Does the close spacing of the tuning ranges
complicate the measurement process?

Yes and no. First of all, our system can be
calibrated for only one tuning range at a
time. In this case, we would choose the O
1 tuning to give us a low-end frequency 0- 44 * 586

of about 3.5 GHz, so we have some overlap 3 4 5 6 7 8 9

with the 3.6-GHz upper end of our low-band LO frequency (GHz)

tuning range. So what are we likely to see

on the display? If we enter the graph at an  gigyre 7-4. Tuning curves for fundamental mixing in the high-band, low-IF case

LO frequency of 5 GHz, we find there are

two possible signal frequencies that would

give us responses at the same point on at signal identification solutions, let's add  to 4.63 GHz and 4.43 GHz, they will produce
the display: 4.7 and 5.3 GHz (rounding the harmonic-mixing curves to 26.5 GHz and seéalse responses on the display that appear to
numbers again). On the other hand, if we  if there are any additional factors we must be genuine signals at 8.96 GHz and 8.56 GHz.
enter the signal frequency axis at 5.3 GHz, consider in the signal identification process.

we find that in addition to the 1+ response Figure 7-5 shows tuning curves up to the  Other situations can create out-of-band mul

at an LO frequency of 5 GHz, we could also fourth harmonic of the LO. tiple responses. For example, suppose we
geta 1 response. This would occur if we are looking at a 5-GHz signal in band 1 that
allowed the LO to sweep as high as 5.6 GHZn examining Figure 7-5, we find some-addi has a significant third harmonic at 15 GHz
twice the IF above 5 GHz. Also, if we enteretional complications. The spectrum analyzer(band 3). In addition to the expected multiple
the signal frequency graph at 4.7 GHz, we is set up to operate in several tuning bands. pair caused by the 5-GHz signal on the 1+
would find a 1+ response at an LO frequencyPepending on the frequency to which the and 1 tuning curves, we also get responses
of about 4.4 GHz (twice the IF below 5 GHz)analyzer is tuned, the analyzer display-is fre generated by the 15-GHz signal on the 4+,

Image Frequencies

e e , 1-
" e
- — -LO Frequency

Signal frequency (GHz)

in addition to the 1 response at an LO quency calibrated for a specific LO harmonic? , 3+, and 3 tuning curves. Since these
frequency of 5 GHz. Thus, for every desired For example, in the 8.3- to 13.6-GHz input  responses occur when the LO is tuned to
response on the 1 tuning line, there will frequency range, the spectrum analyzeris 3.7, 3.8, 4.9, and 5.1 GHz respectively, the

be a second response located twice the calibrated for the 2 tuning curve. Suppose display will show signals that appear to be
IF below it. These pairs of responses are ~ We have an 13.6-GHz signal present at the located at 3.4, 3.5, 4.6, and 4.8 GHz. This is
known as image responses. input. As the LO sweeps, the signal will shown in Figure 7-6.

produce IF responses with the 3+, 3-, 2+
With this type of mixing arrangement, itis and 2 tuning curves. The desired response Multiple responses generally always come
possible for signals at different frequencies of the 2 tuning curve occurs when the LO  in paird, with a “plus” mixing product and a

to produce responses at the same point frequency satisfies the tuning equation: “minus” mixing product. When we use the
on the display, that is, at the same LO fre correct harmonic mixing number for a given
quency. As we can see from Figure 7-4, inpuk3.6 GHz = 24~ 0.3 tuning band, the responses will be separated
signals at 4.7 and 5.3 GHz both produce a f, o= 6.95GHz by 2 times,£ Because the slope of each
response at the IF when the LO frequency pair of tuning curves increases linearly

is set to 5 GHz. These signals are known  Similarly, we can calculate that the responsewith the harmonic number N, the multiple

as image frequencies, and they are also ~ from the 2— tuning curve occurs whegH pairs caused by any other harmonic mixing

separated by twice the IF frequency. 6.65 GHz, resulting in a displayed signal thahumber appear to be separated by:

appears to be at 13.0 GHz.

Clearly, we need some mechanism to dif 26 (NJN p)

ferentiate between responses generated on The displayed signals created by the

the 1 tuning curve for which our analyzer responses to the 3+ and 3 tuning curves  where N = the correct harmonic number

is calibrated and those produced on the are known as in-band multiple responses. for the desired tuning band

1+ tuning curve. However, before we look Because they occur when the LO is tuned N, = the actual harmonic number
generating the multiple pair

1. Often referred to as an “image pair.” This is inaccurate terminology, since images are actually two or more real signals present at the spectrum analyzer input that produce an IF
LO frequency. The numbers for your analyzer may differ.
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Figure 7-5. Tuning curves up to 4th harmonic of LO showing in-band multiple responses to a 13.6-GHz input signal
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Figure 7-7. X-Series analyzer harmonic bands using LO doubling
In X-Series analyzers, the LO is doubled to Preselection on its 1+ mixing mode), the preselector is

produce a new, higher-frequency LO for har

tuned to 4.1 GHz and therefore rejects the

monic mixing. As a result, the LO harmonicsyyhat form must our preselection take? 4.7-GHz signal. The input signal does not

are twice as far apart as they would other

wise be and likelihood of multiple responsespaye two signals at 4.7 and 5.3 GHz present€sponse appears on the display. As the LO
is significantly reduced. Compare Figure 7-6t the input of our analyzer. If we were sweeps past 5 GHz, the preselector allows

and Figure 7-7.

Can we conclude from this discussion that
a harmonic mixing spectrum analyzer is
not practical? Not necessarily. In cases
where the signal frequency is known, we
can tune to the signal directly, knowing
that the analyzer will select the appropriate
mixing mode for which it is calibrated. In
controlled environments with only one or
two signals, it is usually easy to distinguish
the real signal from the image and multiple

particularly interested in one, we could use the 4.7-GHz signal to reach the mixer, and

a band-pass filter to allow that signal into ~ We see the appropriate response on the

the analyzer and reject the other. However, display. The 5.3-GHz image signal is rejected,
the fixed filter does not eliminate multiple ~ SO it creates no mixing product to interact
responses; so if the spectrum is crowded, With the mixing product from the 4.7-GHz
there is still potential for confusion. More ~ Signal and cause a false display. Finally, as
important, perhaps, is the restriction that ~ the LO sweeps past 5.6 GHz, the preselector
a fixed filter puts on the flexibility of the allows the 5.3-GHz signal to reach the mixer,
analyzer. If we are doing broadband testing, @nd we see it properly displayed. Note in

we certainly do not want to be continually ~ Figure 7-8 that nowhere do the various

forced to change bandpass filters. mixing modes intersect. So as long as the
preselector bandwidth is narrow enough

responses. However, there are many cases The solution is a tunable filter configured (it typically varies from about 35 MHz at low

in which we have no idea how many signalsgych that it automatically tracks the frequencies to 80 MHz at high frequencies)
are involved or what their frequencies might frequency of the appropriate mixing mode. it will greatly attenuate all image and
be. For example, we could be searching for Figure 7-8 shows the effect of such a multiple responses.

unknown spurious signals, conducting site
surveillance tests as part of a frequency-

preselector. Here we take advantage of the
fact that our superheterodyne spectrum

monitoring program or performing EMI tests gnalyzer is not a real-time analyzer; that

to measure unwanted device emissions.
In all these cases, we could be looking for
totally unknown signals in a potentially
crowded spectral environment. Having to
perform some form of identification routine
on each and every response would make
measurement time intolerably long.

Fortunately, there is a way to essentially
eliminate image and multiple responses
through a process of prefiltering the signal.
This technique is called preselection.

is, it tunes to only one frequency at a time.
The dashed lines in Figure 7-8 represent
the bandwidth of the tracking preselector.
Signals beyond the dashed lines are
rejected. Let's continue with our previous
example of 4.7- and 5.3- GHz signals present
at the analyzer input. If we set a center
frequency of 5 GHz and a span of 2 GHz,
let's see what happens as the analyzer
tunes across this range. As the LO sweeps
past 4.4 GHz (the frequency at which it
could mix with the 4.7-GHz input signal

66



The word “eliminate” may be a little strong.
Preselectors do not have infinite rejection.
Rejection in the 70- to 80-dB range is
more likely. So if we are looking for very
low-level signals in the presence of very
high-level signals, we might see low-level 67
images or multiples of the high-level signals.
What about the low band? Most tracking L I A Ly Lk
preselectors use YIG technology, and YIG
filters do not operate well at low frequen
cies. Fortunately, there is a simple solution.
Figure 7-3 shows that no other mixing
mode overlaps the 1 mixing mode in the
low-frequency, high-IF case. So a simple
low-pass filter attenuates both image and
multiple responses. Figure 7-9 shows the
input architecture of a typical microwave 3 \Preselector
spectrum analyzer. bandwidth

Signal frequency (GHz)
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Figure 7-8. Preselection; dashed gray lines represent bandwidth of tracking preselector
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Figure 7-9. Front-end architecture of a typical preselected spectrum analyzer
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Amplitude calibration

So far, we have looked at how a
harmonic mixing spectrum analyzer
responds to various input frequencies.
What about amplitude?

The conversion loss of a mixer is a function
of harmonic number, and the loss goes up as
the harmonic number goes up. This means
that signals of equal amplitude would appear
at different levels on the display if they
involved different mixing modes. To preserve
amplitude calibration, something must be
done. In Agilent spectrum analyzers, the IF
gain is changed. The increased conversion
loss at higher LO harmonics causes a loss

of sensitivity just as if we had increased

the input attenuator. And since the IF gain
change occurs after the conversion loss, the
gain change is reflected by a corresponding
change in the displayed noise level. So we Figure 7-10. Rise in noise oor indicates changes in sensitivity with changes in LO harmonic used
can determine analyzer sensitivity on the
harmonic-mixing ranges by noting the-aver
age displayed noise level just as we did on
fundamental mixing.

In older spectrum analyzers, the increase
in displayed average noise level with each
harmonic band was very noticeable. More
recent models of Agilent spectrum analyzers
use a double-balanced, image-enhanced
harmonic mixer to minimize the increased
conversion loss when using higher harmon
ics. Thus, the “stair step” effect on DANL
has been replaced by a gentle sloping
increase with higher frequencies, as shown
in Figure 7-10.

Phase noise

In Chapter 2, we noted that instability of an

analyzer LO appears as phase noise around

signals that are displayed far enough above

the noise floor. We also noted that this phase

noise can impose a limit on our ability to Figure 7-11. Phase noise levels for fundamental and 4th harmonic mixing

measure closely spaced signals that differ in

amplitude. The level of the phase noise indi £, example, suppose that the LO fundamerthe carrier (LO). If the deviation doubles, the
cates the angular, or frequency, deviation of 5| a5 5 peak-to-peak deviation of 10 Hz. level of the side bands must also double in
the LO. What happens to phase noise When tq second harmonic then has a 20-Hz  voltage; that is, increase by 6 dB or 20 log(2).
a harmonic of the LO is used in the mixing ey to_peak deviation; the third harmonic, As a result, the ability of our analyzer to
process? Relative to fundamental mixing, 30 . and so on. Since the phase noise ~ measure closely spaced signals that are
phase noise (in decibels) increases by: indicates the signal (noise in this case) unequal in amplitude decreases as higher
producing the modulation, the level of the  harmonics of the LO are used for mixing.
phase noise must be higher to produce Figure 7-11 shows the difference in phase
greater deviation. When the degree of modunoise between fundamental mixing of a
lation is very small, as in the situation here, 5-GHz signal and fourth-harmonic mixing of
the amplitude of the modulation side bands a 20-GHz signal.

is directly proportional to the deviation of

20 log(N),
where N = harmonic of the LO
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Improved dynamic range

A preselector improves dynamic range if the
signals in question have sufficient frequency
separation. The discussion of dynamic range
in Chapter 6 assumed that both the large
and small signals were always present

at the mixer and their amplitudes did not
change during the course of the measure
ment. But as we have seen, if signals are fai
enough apart, a preselector allows one to
reach the mixer while rejecting the others.
For example, if we were to test a microwave
oscillator for harmonics, a preselector would
reject the fundamental when we tuned the
analyzer to one of the harmonics.

Internal distortion (dBc)

Let’s look at the dynamic range of a second-
harmonic test of a 3-GHz oscillator. Using
the example from Chapter 6, suppose that

a—40-dBm signal at the mixer produces a 12 } : ' ' } } } } |
second harmonic product of =75 dBc. We -90 -80 -70 -60 50 -40 -30 -20 -10 O
also know, from our discussion, that for Mixed level (dBm)

every 1 dB the level of the fundamental
changes at the mixer, measurement range
also changes by 1 dB. The second-harmonidigure 7-12. Second-order distortion graph
distortion curve is shown in Figure 7-12. For
this example, we assume plenty of power
from the oscillator and set the input attenu
ator so that when we measure the oscillator
fundamental, the level at the mixer is —10
dBm, below the 1-dB compression point.

What about the upper, high-level end? Whenypical YIG preselector filter beyond the 3 dB
measuring the oscillator fundamental, we  point. So to determine the improvement in
must limit power at the mixer to get an dynamic range, we must determine to what
accurate reading of the level. We can use extent each of the fundamental tones is
either internal or external attenuation to limitattenuated and how that affects internally
the level of the fundamental at the mixer to generated distortion. From the expressions

From the graph, we see that a —10-dBm i L . . :
arap something less than the 1-dB compression in Chapter 6 for third-order intermodulation,

signal at the mixer produces a second-

harmonic distortion component of point. However, the preselector highly we have:
—45 dBc. Now we tune the analyzer to the attenuates the fundamental when we are
' tuned to the second harmonic, so we (KB V42V, cos[ | 5 (2 1 — It

6-GHz second harmonic. If the preselector
has 70-dB rejection, the fundamental at the
mixer has dropped to —80 dBm. Figure 7-12
indicates that for a signal of —80 dBm at the
mixer, the internally generated distortion is
—115 dBc, meaning 115 dB below the new
fundamental level of =80 dBm. This puts the
absolute level of the harmonic at =195 dBm.
So the difference between the fundamental
we tuned to and the internally generated
second harmonic we tuned to is 185 dB!
Clearly, for harmonic distortion, dynamic
range is limited on the low-level (harmonic)
end only by the noise floor (sensitivity) of
the analyzer.

can remove some attenuation if we need  gpq
better sensitivity to measure the harmonic. 2
A fundamental level of +20 dBm at the (k/BVL VOS] o= (2 2= DIt

preselector should not affect our ability to ) )
measure the harmonic. Looking at these expressions, we see

that the amplitude of the lower distortion

Any improvement in dynamic range for component (2, — ,) varies as the square
third-order intermodulation measurements ©f V4 and linearly with 3/On the other
depends upon separation of the test tones Side, the amplitude of the upper distortion
versus preselector bandwidth. As we noted, Component (2, — ;) varies linearly with,V
typical preselector bandwidth is about 35 ~ and as the square of.\However, depending
MHz at the low end and 80 MHz at the high ©n the signal frequencies and separation,
end. As a conservative figure, we might use the preselector may not attenuate the two
18 dB per octave of bandwidth roll-off of a fundamental tones equally.
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Consider the situation shown in Figure 7-13
in which we are tuned to the lower distor
tion component, and the two fundamental
tones are separated by half the preselector

bandwidth. In this case, the lower-frequency

test tone lies at the edge of the preselector

pass band and is attenuated 3 dB. The uppe

test tone lies above the lower distortion
component by an amount equal to the full
preselector bandwidth. It is attenuated
approximately 21 dB. Since we are tuned to
the lower distortion component, internally
generated distortion at this frequency drops
by a factor of two relative to the attenuation
of \; (2 times 3 dB = 6 dB) and equally as
fast as the attenuation 0§21 dB). The
improvement in dynamic range is the sum
of 6 dB + 21 dB, or 27 dB. As in the case
of second harmonic distortion, the noise
floor of the analyzer must be considered,
too. For very closely spaced test tones,

the preselector provides no improvement,
and we determine dynamic range as if the
preselector was not there.

The discussion of dynamic range in
Chapter 6 applies to the low-pass-filtered
low band. The only exceptions occur
when a particular harmonic of a low-band
signal falls within the preselected range.
For example, if we measure the second

harmonic of a 2.5-GHz fundamental, we gete-reflected signals becomes more rapid

1)

Figure 7-13. Improved third-order intermodulation distortion; test tone separation is signi cant relative to
preselector bandwidth

between the preselector and mixer. In this history of the preselector tuning. As a result,
case, sensitivity would be degraded by the you obtain the best flatness by centering

full value of the pad or isolator. the preselector at each signal. The centering
function is typically built into the spectrum
analyzer firmware and is selected either by
a front-panel key in manual measurement

Some spectrum analyzer architectures
eliminate the need for the matching pad or
isolator. As the electrical length between  applications or programmatically in auto
the preselector and mixer increases, the  mated test systems. When activated, the
rate of change of phase of the reflected and centering function adjusts the preselector
tuning DAC to center the preselector pass

the benefit of the preselector when we tunefor a given change in input frequency. The band on the signal. The frequency response

to the 5-GHz harmonic.

Pluses and minuses of
preselection

We have seen the pluses of preselection:
simpler analyzer operation, uncluttered
displays, improved dynamic range and wide
spans. But there are also some disadvan
tages relative to an unpreselected analyzer.

First of all, the preselector has insertion
loss, typically 6 to 8 dB. This loss comes
prior to the first stage of gain, so system
sensitivity is degraded by the full loss. In
addition, when a preselector is connected
directly to a mixer, the interaction of the
mismatch of the preselector with that of
the input mixer can cause a degradation of
frequency response. You must use proper
calibration techniques to compensate for
this ripple. Another approach to minimize
this interaction would be to insert a
matching pad (fixed attenuator) or isolator

result is a more exaggerated ripple effect onspecification for most microwave analyzers
flatness. Architectures such as those used applies only after centering the preselector,
in PSA Series analyzers include the mixer and it is generally a best practice to perform
diodes as an integral part of the preselector/this function (to mitigate the effects of
mixer assembly. In such an assembly, there post-tuning drift) before making amplitude
is minimal electrical length between the measurements of microwave signals.
preselector and mixer. This architecture
thus removes the ripple effect on frequency In our discussion of sweep time, we found
response and improves sensitivity by elimi  that analyzers such as the PXA use FFTs
nating the matching pad or isolator. when the narrower resolution bandwidths
are selected. Because the LO is stepped and
Even aside from its interaction with the fixed for each FFT segment, the preseletor
mixer, a preselector causes some degrada must be stepped and fixed as well. Since
tion of frequency response. The preselector the preselector takes several milliseconds to
filter pass band is never perfectly flat, but  tune and stabilize, sweep time may be nhega
rather exhibits a certain amount of ripple. In tively impacted relative to similar settings in
most configurations, the tuning ramp for the the low band. The X-Series signal analyzers
preselector and local oscillator come from allow you to select the width of each step to
the same source, but there is no feedback minimize the number of steps. (For details,
mechanism to ensure the preselector exactlysee the operating manual for your particular
tracks the tuning of the analyzer. Another  analyzer.) If your analyzer has Option MPB,
source of post-tuning drift is the self-heatingyou may bypass the preselector to eliminate
caused by current flowing in the preselector its impact on sweep time. However, be
circuitry. The center of the preselector pass sure your signal is such that no images or
band will depend on its temperature and  multiples can cause confusion.
temperature gradients, which depend on the
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External harmonic mixing mixer uses higher harmonics of the-ana the LO frequency supplied from the analyzer
lyzer’s first LO, and in some cases, the first is between 3 and 14 GHz, while the IF output
We have discussed tuning to higher LO frequency is doubled before being sent térequency from the external mixer to the
frequencies within the signal analyzer. the external mixer. Higher fundamental LO analyzer is 322.5 MHz. Because of the wide
For internal harmonic mixing, the X-Series frequencies allow for lower mixer conversiorfrequency difference between the LO and IF
signal analyzers use the second harmonic 10ss. Typically, a spectrum analyzer that  signals, both signals can exist on the same
(N=2) to tune to 17.1GHz and the fourth ~ SUPPOTrts external mixing has one ortwo  coaxial interconnect cable that attaches
harmonic (N=3, with the LO doubled, to additional connectors on the front panel.  the analyzer and the mixer. As long as the
tune to 26.5 GHz. However, what if you wanEarly analyzers had two connectors. An LO external mixer uses the same IF as the-spec
to test outside the upper frequency range of “out’ port routes the analyzer's internal trum analyzer, the signal can be processed
the signal analyzer? Some analyzers providdirst LO signal to the external mixer, which - and displayed internally, just like any signal
the ability to use an external mixer to make Uses the higher harmonics to mix with the  that came from the internal first mixer.
high-frequency measurements, where the high-frequency signals. The external mixer'sFigure 7-14 illustrates the block diagram of
external mixer becomes the front end of the |F output connects to the analyzer's IF “in” an external mixer used in conjunction with a
analyzer, bypassing the input attenuator, thePort. The latest analyzers have only one  spectrum analyzer.
preselector and the first mixers. The externaffont-panel port, and this is possible because

External mixer

Waveguidg_ IF ou
input IF in
Ik;g\r,:/d pat Analog or
'\ 3.6 GHz 5.1225 GHz 322.5 MHz 22.5 MHzdigital IF
Analyz o—
input ™ o
LO
E"g% ]\ 3.8108.7 GHz
and pat Toexternal
WA \f__’ mixer
A 4.8 GHz 300 MHz
C ;\ 322.5 MHz \ 4
Preselector
Sweep generator .
Display

Figure 7-14. Spectrum analyzer and external mixer block diagram
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Table 7-1. Harmonic mixing modes used by X-Series analyzers with external mixers

Agilent 11970 Series Agilent M1970 Series  Other Manufacturer's  Other Manufacturer’s
Mixers Mixers mixers mixers

(LOrange 3-7 GHz)  (LOrange 6-14 GHz) (LOrange 3-7 GHz)  (LO range 6—14 GHz)

A (26.5 to0 40.0 GHz) 6 and 8

Q (33.0 to 50.0 GHz) 8 and 10

U (40.0 to 60.0 GHz) 10

V (50.0 to 75.0 GHz) 12 and 14 6

E (60.0 to 90.0 GHz) N.A. 6 and 8

W (75.0 to 110.0 GHz) 18 8

F (90.0 to 140.0 GHz) 16 10
D (110.0 to 170.0 GHz) 20 14
G (140.0 to 220.0 GHz) 26 18
Y (170.0 to 260.0 GHz ) 30 20
J (220.0 to 325.0 GHz) 38 24
(325.0 to 500.0 GHz) 58 36
(500.0 to 750.0 GHz) 86 54-
(750.0 to 1,100.0 GHz) 80

Table 7-1 shows the harmonic mixing modedrequency. Some external mixers from otherinput. This produces mixing products that
used by the X-Series analyzers at various manufacturers require a bias current to set can be processed through the IF just like any
millimeter-wave bands for both the Agilent the mixer diodes to the proper operating  other valid signals.

M1970 Series and the earlier 11970 Series point. The X-Series analyzers can provide up

external mixers. For ease of use and low  to + 10 mA of DC current through the front- A tunable filter that performs preselection
conversion loss, the M1970 Series mixers panel external mixer port to provide this biasof the signals reaching the first mixer in the

provide a USB connection that is used and keep the measurement setup as simpleinternal signal path is common in most signal
to automatically identify the mixer model  as possible. analyzers. External mixers that are unprese
number and serial number, perform an LO lected will produce unwanted responses on

adjustment to optimize performance, and  Whether you perform harmonic mixing with screen that are not true signals. A way to
download the mixer conversion loss table an internal or an external mixer, the issues deal with these unwanted signals has been
into the analyzer memory. You also can use are similar. The LO and its harmonics mix designed into the signal analyzer. This-func
external mixers from other manufactures if not only with the desired RF input signal,  tion is called “signal identification.”
you know the mixer’s conversion loss with  but also with any other signal, including out-

of-band signals, that may be present at the
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Signal identi cation

It is quite possible that the particular
response we have tuned onto the display
has been generated on an LO harmonic or
mixing mode other than the one for which
the display is calibrated. So our analyzer
must have some way to tell us whether or
not the display is calibrated for the signal
response in question. For this example,
assume we are using an Agilent M1970V
50- to 75-GHz unpreselected mixer, which
uses the 6 mixing mode. The full V-Band
measurement can be seen in Figure 7-15.

Agilent X-Series signal analyzers offer two
different identification methods: image shift
and image suppress. Let’s first explore the
image shift method. Looking at Figure 7-15,
let's assume we have tuned the analyzer to
a frequency of 62.50 GHz. The 6th harmonic
of the LO produces a pair of responses,
where the 6 mixing product appears on
scrgen atthe C,O':reCt frequency of 62.50 GH%’igure 7-15. Which ones are the real signals?
while the 6+ mixing product produces a
response with an indicated frequency of
61.85 GHz, which is 2 timgselow the

real response. The X-Series analyzer has an
IF frequency of 322.5 MHz, so the pair of
responses is separated by 645 MHz.

Harmonic mixing tuning lines

[EnY
N

Signal frequency, GHz
=
o

[0}
o

20 !
6 8 10.36 10.47 12 14

LO frequency, GHz

Figure 7-16 Harmonic tuning lines for the X-Series analyzers using the M1970 Series mixers

73



Let's assume we have some idea of the
characteristics of our signal, but we do

not know its exact frequency. How do

we determine which is the real signal?

The image-shift process retunes the LO
fundamental frequency by an amount equal
to 2{/N. This causes the Nth harmonic to

shift by 2f.

If we are tuned to a real signal, its-cor
responding pair will now appear at the
same position on screen that the real signal
occupied in the first sweep. If we are tuned
to another multiple pair created by some
other incorrect harmonic, the signal will
appear to shift in frequency on the display.
The X-Series signal analyzer shifts the LO on
alternate sweeps, creating the two displays
show in Figures 7-17a and 7-17b. In Figure
7-17a, the real signal (ther@ixing product)
is tuned to the center of the screen. Figure
7-17b shows how the image shift function
moves the corresponding pair (the 6+ mixing
product) to the center of the screen. )
Figure 7-17a: 6 centered (yellow trace)
Figures 7-17a and 7-17b display alternate
sweeps taken with the image shift function.

Figure 7-17b: 6+ centered (blue trace)
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Let's examine the second method of signal
identification, image suppression. In this
mode, two sweeps are taken using the-mini
mum hold function, which saves the smaller
value of each display point, or bucket, from
the two sweeps. The first sweep is done
using normal LO tuning values. The second
sweep offsets the LO fundamental frequency
by 2fN. As we saw in the first signal ID
method, the image product generated by
the correct harmonic will land at the same
point on the display as the real signal did on
the first sweep. Therefore, the trace retains
a high amplitude value. Any false response
that shifts in frequency will have its trace
data replaced by a lower value. Thus, all
image and incorrect multiple responses will
appear as noise, as shown in Figure 7-18.

Note that both signal identification methods

are used for identifying correct frequencies

only. You should not attempt to make

amplitude measurements while the signal

identification function is turned on. Once

we have identified the real signal of inter Figure 7-18. The image suppress function displays only real signals
est, we turn off the signal ID function and

zoom in on it by reducing the span. We can

then measure the signal's amplitude and

frequency. See Figure 7-19.

To make an accurate amplitude measure
ment, it is important that you first enter

the calibration data for your external mixer.
This data is normally supplied by the mixer
manufacturer, and it is typically presented

as a table of mixer conversion loss, in dB,

at a number of frequency points across the
band. This data is entered into a correction
table on the signal analyzer, and the analyzer
uses this data to compensate for the mixer
conversion loss. If you are using the M1970
Series harmonic mixers, the mixer conver
sion loss is automatically transferred from
the mixer memory to the X-Series signal
analyzer memory, which eliminates manual
entry into a correction file. The spectrum
analyzer reference level is now calibrated for
signals at the input to the external mixer.

Figure 7-19. Measurement of a positively identi ed signal
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Chapter 8. Modern Signal Analyzers

n the previous chapters of
this application note, we
have looked at the funda

Application-speci ¢
measurements

mental architecture of spectrum In addition to measuring general signal

analyzers and basic consider
ations for making frequency-
domain measurements. On a
practical level, modern spec
trum or signhal analyzers must
also handle many other tasks
to help you meet your measure
ment requirements. These
tasks include:

» Providing application-specific measure-
ments, such as adjacent channel power
(ACP), noise figure, and phase noise

» Providing digital modulation analysis
measurements defined by industry or

characteristics like frequency and ampli-
tude, you often need to make specific
measurements of certain signal parameters
Examples include channel power measure-
ments and adjacent channel power (ACP)
measurements, which we described in
Chapter 6. Many signal analyzers now
have these built-in functions available. You
simply specify the channel bandwidth and
spacing, then press a button to activate the
automatic measurement.

The complementary cumulative distribu
tion function (CCDF), which shows power
statistics, is another measurement capabil
ity increasingly found in modern signal
analyzers, as you can see in Figure 8-1.
CCDF measurements provide statistical

regulatory standards, such as LTE, GSM,nformation showing the percent of time the

cdma2000®, 802.11,Rluetoott?
e Performing vector signal analysis
» Saving, printing or transferring data

» Offering remote control and operation
over GPIB, LAN or the Internet

* Allowing you to update instrument
firmware to add new features and capa-
bilities, as well as to repair defects

» Making provisions for self-calibration,
troubleshooting, diagnostics and repair

» Recognizing and operating with optional
hardware or firmware to add new
capabilities

» Allowing you to make measurements in
the field with a rugged, battery-powered
handheld spectrum analyzer that
correlate with data taken with high-
performance bench-top equipment

Figure 8-1. CCDF measurement
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instantaneous power of the signal exceeds
the average power by a certain number of
dB. This information is important in power
amplifier design, for example, where it is
important to handle instantaneous signal
peaks with minimum distortion while mini
mizing cost, weight and power consumption

of the device.

Other examples of built-in measurement
functions include occupied bandwidth,

TOI, harmonic distortion, ACP and spurious
emissions measurements. The instrument
settings — such as center frequency, span
and resolution bandwidth — for these
measurements depend on the specific radio
standard to which the device is being tested.
Most modern signal analyzers have these
instrument settings stored in memory so you
can select the desired radio standard (LTE,
MSR, GSM/EDGE, cdma2000, W-CDMA,
802.11a/b/g/n/ac and so on) to make the
measurements properly.



RF designers are often concerned with the
noise figure of their devices, as noise figure
directly affects the sensitivity of receivers
and other systems. Some signal analyzers,
such as the X-Series, have optional noise
figure measurement capabilities available.
This option provides control for the noise
source needed to drive the input of the
device under test (DUT) as well as-firm
ware to automate the measurement process
and display the results. Figure 8-2 shows a
typical measurement result, with DUT noise
figure (upper trace) and gain (lower trace)
displayed as a function of frequency.

The need for phase information

Phase noise is a common measure of-oscil
lator performance. In digitally modulated
communication systems, phase noise can
negatively impact bit error rates. Phase
noise can also degrade the ability of Doppler
radar systems to capture the return pulses
from targets. The X-Series signal analyzers rjg,re 8-2. Noise gure measurement
offer optional phase noise measurement
capabilities. These options provide firmware
to control the measurement and display the
phase noise as a function of frequency off
set from the carrier, as shown in Figure 8-3.

Figure 8-3. Phase noise measurement
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As communications have become more
complex, phase has been introduced to
speed the transmission of data. An example
of a simple model is QPSK (quadra-phase-
shift keying) in which two data values are
transmitted at once. See Figure 8-4.

In this case, the data are plotted on an IQ
diagram in which the in-phase data are
plotted on the | (horizontal) axis and the
guadrature data are plotted on the Q ¢verti
cal) axis. The combined values represent
the phase and magnitude of the transmitted
signal. As seen here, equal values for both

I and Q should have produced only dots at
45, 135, 225 and 315 degrees. However, our
analysis shows that neither the amplitude
nor the phase is consistent as the signal
changes quadrants. On the other hand, it

is quite unlikely that the receiver would be
confused as to which quadrant a particular
data point belongs, so the transmission Figure 8-4. Modulation analysis of a QPSK signal measured with Agilent’s 89600 VSA software

would be received without error.

A newer and much more complicated
system is 802.11ac, which uses 256QAM
(quadrature-amplitude modulation). See
Figure 8-5. The maximum power is limited,
so the data points are much closer in both
phase and magnitude than for QPSK. The
analyzer you use to evaluate the transmitted
signal must be sufficiently accurate that

it does not lead you to a false conclusion
about the quality of the transmission.

Pure amplitude measurements are also
required to determine signal attributes such
as flatness, adjacent-channel power levels
and distortion.

Figure 8-5. Modulation analysis of WLAN 802.11ac signal using Agilent 89600 VSA software
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Digital modulation analysis

The common wireless communication
systems used throughout the world today all
have prescribed measurement techniques
defined by standards-development organiza
tions and governmental regulatory bodies.
Optional measurement personalities are
available on the X-Series signal analyzers to
perform the key tests defined for a particular
wireless communication format. For exam
ple, if we need to test a transmitter to the
Bluetoothwireless communication standard,
we must measure parameters such as:

» Average/peak output power

* Modulation characteristics

« Initial carrier frequency tolerance
» Carrier frequency drift

e Monitor band/channel

* Modulation overview

¢ Output spectrum

Figure 8-6 illustrates an error vector magni

e 20-dB bandwidth tude (EVM) measurement performed on a

LTE FDD downlink signal. This test helps yo
diagnose modulation or amplification distor

* Adjacent channel power

tions that lead to bit errors in the receiver.
These measurements are available on
the Agilent X-Series signal analyzers with
appropriate options.

Not all digital communication systems are

Other optional measurement capabilities for systems or the early stages of proposed
a wide variety of wireless communications industry-standard formats, you need more
standards that are available on the X-Seriesflexibility to analyze vector-modulated
signal analyzers: signals under varying conditions. You can
achieve that flexibility two ways. First,
modulation analysis personalities are
available on the X-Series signal aralyz
ers. Alternatively, you can perform more
extensive analysis with software running

e LTE/LTE-Advanced
« WLAN

e Multi-standard radio (MSR)
can use Agilent 89600 VSA software with

based on well-defined industry standards. If
you are working on nonstandard proprietary

on an external computer. For example, you

Figure 8-6. EVM measurement of LTE FDD downlink signal

More information

Additional information is
available on the following:

Noise gure measurements,
seeAgilent Noise Figure
Measurements of Frequency
Converting Devices Using
the Agilent NFA Series Noise
Figure Analyzer Application
Note literature number
5989-0400EN.

Measurements involving phasg
seeVector Signal Analysis
Basics — Application Naqte

* GSM/EDGE >& L ! :
X-Series signal analyzers to provide flexible
« W-CDMA vector signal analysis. In this case, the
signal analyzer acts as an RF downconverte
* HSDPA and digitizer. The software can run internall
« cdma2000 on the signal analyzer or communicate with
the analyzer over a GPIB or LAN connectio
* 1XEV-DO IQ data is transferred to the computer,
where it performs the vector signal analysis.
* IxEV-DV Measurement settings, such as modulation
« cdmaOne type, symbol rate, filtering, triggering and

* NADC and PDC
¢ TD-SCDMA

literature number 5989-1121E

Bluetoothmeasurements,
seePerforming Bluetooth RF
Measurements Today —
Application Notgliterature
number 5968-7746E.

record length, can be varied as necessary fo
the particular signal you are analyzing.
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Real-time spectrum analysis

For the capable RF engineer, continuous-
wave (CW) and predictably-repeating signals
are no great challenge — but today’s complex
and agile signals and multi-signal environ
ments are proving to be another matter. To
keep up with evolving analysis needs, new
types of signal analyzers and application
software have emerged in recent years.

The Agilent PXA and MXA signal analyzers
now offer a combination of swept spectrum,
real-time and vector signal analysis capabil
ity — all in one instrument.

Design and troubleshooting tasks are much
more difficult when dealing with agile

signals, and the challenges are often made
more difficult when these signals are in an
environment of other agile signals. Even the
analysis of a single signal can be a challenge
when that signal is very agile or complex.

You can use the Agilent PXA and MXA real-
time spectrum analysis capability to capture Figure 8-7 . Even when you use fast sweeps and max hold over a period of many seconds, the

the behavior of dynamic and elusive signals swept spectrum analyzer view of the radar signal is not very informative

with true gap-free spectrum analysis.

An example of a single complex signal is the
agile S-band acquisition radar signal. The
signal at the receiver varies widely in ampli
tude over a period of several seconds, and
this long-duration characteristic, combined
with the short-duration characteristics of

its pulse length and repetition interval

(and therefore short duty cycle) make it agile
and difficult to measure well. A basic spec
trum analysis of this signal with a swept
spectrum analyzer shows the measurement
difficulty it poses, as illustrated in Figure 8-7.
Even after many sweeps and the use of

a max hold function, the signal is not

clearly represented.

The Agilent PXA real-time spectrum analyzer
screen shown in Figure 8-8, in contrast with
the swept spectrum screen, readily shows
the main characteristics of the signal using
the density or histogram display. The density
or histogram display collects a large amount

of real-time spectrum data into a single Figure 8-8. Real-time capture of S-band acquisition radar signal
display that shows both rare and frequent ) o
events, with an indication of relative fre dynamic and agile signal. The blue color

quency of occurrence. of all but the noise floor indicates that the More information
pulses, while prominent, have a very low

The PXA’s real-time analyzer mode and  frequency-of-occurrence. This is the princi - B =le]a=1s (6 [1ile]al=1 N 1a1{o) fagr=1il0)a 0] 4!

density display provide a fast and insight- pal characteristic that makes it difficult to measurements involving real-

producing representation of this wideband, measure (or even to rapidly and reliably find
this signal with a swept spectrum analyzer.

time spectrum analysis, see
Measuring Agile Signals and
Dynamic Signal Environments
— Application Notditerature
number 5991-2119EN.
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Chapter 9. Control and Data Transfer

Saving and printing data

fter making a measure

ment, we normally want

to keep a record of the
test data. We might simply
want to make a quick printout
of the instrument display.
Depending on the particular
analyzer and printer model,
we might use the USB or LAN
ports to connect the two units.

Very often, we may want to save measure
ment data as a file, either in the spectrum
analyzer’s internal memory or on a USB
mass-storage device. There are several dif
ferent kinds of data we can save this way:

* Animage of the displayPreferably in a
popular file format, such as bitmap, GIF,
PNG or Windows metafile.

» Trace data- Saved as X-Y data pairs
representing frequency and amplitude
points on the screen. The number of
data pairs can vary. Modern spectrum

analyzers such as the X-Series allow you faces used widely in the computer industry
to select the desired display resolution by are jikely to become available on spectrum
setting a minimum of 1 up to a maximum anajyzers in the future to simplify connectiv

of 40,001 frequency sweep points (buck
ets) on the screen. This data format is
well suited for transfer to a spreadsheet
program on a computer.

 Instrument state- To keep a record of
the spectrum analyzer settings, such as
center frequency, span, reference level

and so on, used in the measurement. Thi§
information is useful for documenting test

setups used for making measurements.
Consistent test setups are essential for
maintaining repeatable measurements

over time.

A variety of commercial software products
are available to control spectrum analyzers
remotely over an 1/O bus. Also, you can
write your own software to control spectrum
analyzers in a number of different ways.
One method is to directly send program
ming commands to the instrument. Older
spectrum analyzers typically used proprietary
command sets, but newer instruments,
such as Agilent’s X-Series signal analyzers,
use industry-standard SCPI (standard com
mands for programmable instrumentation)
commands. A more common method is to
use standard software drivers, such as VXI
plug&playdrivers, which enable higher-level
functional commands to the instrument
without the need for detailed knowledge of
the SCPI commands. Most recently, a new
generation of language-independent instru
ment drivers, known as “interchangeable
virtual instrument,” or IVI-COM drivers, has

ecome available for the X-Series signal
analyzers. The IVI-COM drivers are based
on the Microsoft Component Object Model
standard and work in a variety of PC appli
cation development environments, such as
the Agilent T&M Programmers Toolkit and
Microsoft’s Visual Studio .NET.

Data transfer and remote
instrument control

In 1977, Agilent Technologies (part of
Hewlett-Packard at that time) introduced
the world’s first GPIB-controllable spectrum
analyzer, the 8568A. The GPIB interface
(also known as HP-IB or IEEE-488) made

it possible to control all major functions of
the analyzer from an external computer and
transfer trace data to an external computer.
This innovation paved the way for a wide
variety of automated spectrum analyzer
measurements that were faster and more
repeatable than manual measurements. By
transferring the raw data to a computer, it
could be saved on disk, analyzed, corrected
and operated on in a variety of ways.

Today, automated test and measurement
equipment has become the norm, and nearl
all modern spectrum analyzers come with

a variety of standard interfaces, including
Ethernet LAN, USB 2.0 and GPIB. Ethernet
LAN connectivity is the most commonly
used interface, as it can provide high data-
transfer rates over long distances and inte
grates easily into networked environments

such as a factory floor. Other standard-inter L .
Some applications require you to control the

spectrum analyzer and collect measurement
data from a very long distance. For example,
you may want to monitor satellite signals
from a central control room, collecting

data from remote tracking stations located
hundreds or even thousands of kilometers
from the central site. The X-Series signal
analyzers have software options available to
control these units, capture screen images
and transfer trace data over the Internet

an be operated remotely, and the analyzer%jsing a standard Web browser.

ity between instruments and computers.

Agilent’s X-Series signal analyzers literally
have computer firmware running USB ports
and a Windows operating system. These
features greatly simplify control and data
transfer. In addition, the X-Series analyzers

display appears on the remote computer.
Details are beyond the scope of this applica
tion note; see the operating manual for your
particular analyzer.
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Firmware updates Calibration, troubleshooting, Modern spectrum analyzers usually have a
diagnostics and repair service menu av_aulable._ln this area, you can
Modern spectrum analyzers have much more perform useful diagnostic functions, such
software inside them than do instruments  gpectrum analyzers must be periodically 2> & €St of the front-panel keys. You also
from just a few years ago. As new features cgjiprated to insure the instrument perfor- o display more details of the alignment
are added to the software and defects mance meets all published specifications. P eSS 85 wellas alist of all optional
repaired, it becomes highly desirable to Typically, this is done once a year. However '2rdware and measurement personalities
update the spectrum analyzer's firmware to petween these annual calibrations, the  "oraied In the instrument. When you
take advantage of the improved performancespectrum analyzer must be aligned periodi- upgrade a spectrum analyzer with a new
cally to compensate for thermal drift and measurement personality, Agilent provides a

The latest revisions of spectrum and signal 5ging effects. Modern spectrum analyzers unique license key tied to the serial number

analyzer firmware can be found on the such as the X-Series have built-in alignm enfgr?jgwfargﬂesrg.p\c()c;? S?Zﬁéﬂsolﬁ,ctehnesfergﬁg

Agilent Technologies website. You can routines that operate when the instru- :

download this firmware to a file on your ment is first turned on and during retrace panel keypad to activate the measurement
local computer. A common method t0 ans (hetween sweeps) at predetermined inter- capabilities of the personality.
fer new firmware into the spectrum analyzeryais The alignment routines also operate if

is to copy the firmware onto a USB drive  the internal temperature of the instrument

and then insert it into one of the spectrum changes. These alignment routines continu-

analyzers USB ports. Some models, such agsjy adjust the instrument to maintain
the X-Series, allow you to transfer the new specified performance.

firmware directly into the spectrum analyzer
using the instrument's Ethernet LAN port.

It is a good practice to periodically check

your spectrum analyzer model's Web page to
see if updated firmware is available.

82



Summary

is application note has
provided a broad survey of

basic spectrum analyzer

concepts. However, you may
wish to learn more about many

Glossary of Terms

Absolute amplitude accuracyhe Average noise leveBeeDisplayed average
uncertainty of an amplitude measurement noise level

in absolute terms, either volts or power.

Includes relative uncertainties (see Bandwidth selectivityA measure of an
Relative amplitude accuracy) plus calibrator analyzer’s ability to resolve signals unequal
uncertainty. For improved accuracy, some in amplitude. Also called shape factor, band

other topics related to spectrumspectrum analyzers have frequency responseidth selectivity is the ratio of the 60-dB

analysis. An excellent place

to start is to visit the Agilent
Technologies Web site at
www.Agilent.comand search
for signal or spectrum analyzer.

specified relative to the calibrator as well as bandwidth to the 3-dB bandwidth for a given
relative to the midpoint between peak-to-  resolution (IF) filter. For some analyzers, the
peak extremes. 6-dB bandwidth is used in lieu of the 3-dB
bandwidth. In either case, bandwidth selec
ACPRAdjacent channel power ratio is a tivity tells us how steep the filter skirts are.
measure of how much signal energy from
one communication channel spills over or
leaks into an adjacent channel. This is an
important metric in digital communication  DC) from damaging circuitry. A blocking
components and systems, as too much capacitor limits the lowest frequency that
leakage will cause interference on adjacent can be measured accurately.
channels. It is sometimes also described as
ACLR, or adjacent channel leakage ratio.

Blocking capacitorA filter that keeps
unwanted low-frequency signals (including

CDMA<Code division multiple access

is a method of digital communication in

Amplitude accuracyThe uncertainty of an  which multiple communication streams are

amplitude measurement. It can be expressedrthogonally coded, enabling them to share

either as an absolute term or relative to a common frequency channel. It is a popular

another reference point. technique used in a number of widely used
mobile communication systems.

Amplitude reference signak signal of

precise frequency and amplitude that the

analyzer uses for self-calibration.

Constellation diagran® display type
commonly used when analyzing digitally
modulated signals in which the detected
Analog displayA display technology symbol points are plotted on an 1Q graph.
where analog signal information (from the

envelope detector) is written directly to an  Delta markerA mode in which a fixed,
instrument’s display, typically implemented reference marker has been established and
on a cathode ray tube (CRT). Analog displays second, active marker is available that
were once the standard method of display we can place anywhere on the displayed
ing information on spectrum analyzers. trace. A read-out indicates the relative
However, modern spectrum analyzers no  frequency separation and amplitude differ-
longer use this technology; instead, they  ence between the reference marker and the
now use digital displays. active marker.

Average detectiorA method of detection  Digital displayA display technology

that sums power across a frequency inter where digitized trace information, stored

val. It is often used for measuring complex,in memory, is displayed on an instrument’s

digitally modulated signals and other types screen. The displayed trace is a series of

of signals with noise-like characteristics.  points designed to present a continuous-

Modern Agilent spectrum analyzers-typi  looking trace. While the default number of

cally offer three types of average detection:display points varies between different-mod

power (rms) averaging, which measures thels, most modern spectrum analyzers allow

true average power over a bucket interval; the user to choose the desired resolution by

voltage averaging, which measures the  controlling the number of points displayed.

average voltage data over a bucket intervalThe display is refreshed (rewritten from data

and log-power (video) averaging, which  in memory) at a flicker-free rate; the data

measures the logarithmic amplitude in dB in memory is updated at the sweep rate.

of the envelope of the signal during the Nearly all modern spectrum analyzers have

bucket interval. digital flat-panel LCD displays, rather than
CRT-based analog displays that were used in
earlier analyzers.
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Display detector mod&he manner in
which the signal information is processed
prior to being displayed on screen. [Seg
peak Pos peajiNormalandSample

Digital IF:An architecture found in modern
spectrum analyzers in which the signal is
digitized soon after it has been downcon

verted from an RF frequency to an intermediEnvelope detectoA circuit element whose

ate frequency (IF). At that point, all further

signal processing is done using digital signainstantaneous variation, of its input signal.

processing (DSP) techniques.

Display dynamic rang&he maximum

Dynamic rangeThe ratio, in dB, between Frequency rang&he minimum to maxi

the largest and smallest signals simultane mum frequencies over which a spectrum
ously present at the spectrum analyzer inputanalyzer can tune. While the maximum

that can be measured to a given degree of frequency is generally thought of in terms
accuracy. Dynamic range generally refers  of an analyzer’s coaxial input, the range of
to measurement of distortion or intermodu many microwave analyzers can be extended
lation products. through use of external waveguide mixers.

Frequency resolutioThe ability of a spec
trum analyzer to separate closely spaced
spectral components and display them

In a superheterodyne spectrum analyzer, thendividually. Resolution of equal amplitude
input to the envelope detector comes from components is determined by resolution
the final IF, and the output is a video signal. bandwidth. The ability to resolve unequal

output follows the envelope, but not the

dynamic range for which both the larger andWhen we put our analyzer in zero span, the amplitude signals is a function of both reso

smaller signal may be viewed simultane
ously on the spectrum analyzer display.
For analyzers with a maximum logarithmic
display of 10 dB/div, the actual dynamic
range (se®ynamic ranganay be greater
than the display dynamic range.

Display scale fidelityThe degree of

envelope detector demodulates the input
signal, and we can observe the modulating
signal as a function of time on the display.

lution bandwidth and bandwidth selectivity.

Frequency respons¥ariation in the
displayed amplitude of a signal as a function
of frequency (flatness). Typically specified in
terms of + dB relative to the value midway
between the extremes. Also may be speci
fied relative to the calibrator signal.

Error vector magnitude (EVMY:quality
metric in digital communication systems.
EVM is the magnitude of the vector differ
ence at a given instant in time between

uncertainty in measuring relative differencesthe ideal reference signal and the

in amplitude on a spectrum analyzer. The
logarithmic and linear IF amplifiers found in

analyzers with analog IF sections never hav&xternal mixerAn independent mixer,

measured signal. Frequency sparthe frequency range
represented by the horizontal axis of the

display. Generally, frequency span is given as

perfect logarithmic or linear responses, and usually with a waveguide input port, used to the total span across the full display. Some
therefore they introduce uncertainty. Modernextend the frequency range of spectrum anaearlier analyzers indicate frequency span

analyzers with digital IF sections have
significantly better display scale fidelity.

Display rangeThe calibrated range of the
display for the particular display mode and
scale factor. SeleinearandLog displaynd
Scale factor

Displayed average noise lev€he noise
level as seen on the analyzer’s display
after setting the video bandwidth narrow
enough to reduce the peak-to-peak noise

lyzers that use external mixers. The analyzefscan width) on a per-division basis.
provides the LO signal and, if needed, mixer
bias. Mixing products are returned to the
analyzer’s IF input.

Frequency stabilityA general phrase that
covers both short- and long-term LO instabil
ity. The sweep ramp that tunes the LO also
FFT (fast Fourier transfornf:mathemati determines where a signal should appear
cal operation performed on a time-domain on the display. Any long term variation in LO
signal to yield the individual spectral compo frequency (drift) with respect to the sweep
nents that constitute the signal. ramp causes a signal to slowly shift its-hori
SeeSpectrum zontal position on the display. Shorter-term
LO instability can appear as random FM or

Fast sweepA digital signal processing phase noise on an otherwise stable signal.

fluctuations such that the displayed noise is technique that implements complex-valued

essentially seen as a straight line. Usually

refers to the analyzer’s own internally gener spectrum analyzer, allowing faster sweep
ated noise as a measure of sensitivity and isrates than a traditional analog or digital

typically specified in dBm under conditions
of minimum resolution bandwidth and
minimum input attenuation.

Drift: The very slow (relative to sweep
time) change of signal position on the dis

resolution bandwidth filtering for a sweepingFull spanfor most modern spectrum
analyzers, full span means a frequency span
that covers the entire tuning range of the
analyzer. These analyzers include single
-band RF analyzers and microwave analyzers
such as the ESA, PSA and X- Series that use
a solid-state switch to switch between the

low and preselected ranges.

resolution bandwidth filter would allow.
FlatnessSeeFrequency response

Frequency accuracihe degree of uncer
tainty with which the frequency of a signal

play as a result of a change in LO frequencgr spectral component is indicated, either in NOTE: On some earlier spectrum analyzers,
versus sweep voltage. The primary sourcesan absolute sense or relative to some other full span referred to a sub-range. For exam

of drift are the temperature stability and

signal or spectral component. Absolute and ple, with the Agilent 8566B, a microwave

aging rate of the frequency reference in therelative frequency accuracies are specified spectrum analyzer that used a mechanical

spectrum analyzer.

independently. switch to switch between the low and-pre
selected ranges, full span referred to either
the low, non-preselected range or the high,

preselected range.
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Gain compressiofThat signal level at the Incidental FMUnwanted frequency modula

LO emission or feedotthe emergence of

input mixer of a spectrum analyzer at which tion on the output of a device (signal source the LO signal from the input of a spectrum

the displayed amplitude of the signal isa  amplifier) caused by (incidental to) some
specified number of dB too low due just to other form of modulation, e.g., amplitude
mixer saturation. The signal level is generallynodulation.
specified for 1-dB compression and is usu
ally between +3 and —10 dBm, depending orinput attenuatorA step attenuator between
the model of spectrum analyzer. the input connector and first mixer of a
spectrum analyzer. Also called the RF
GSM:The global system for mobile commu attenuator. The input attenuator is used
nication is a widely used digital standard for to adjust level of the signal incident upon
mobile communication. It is a TDMA-based the first mixer. The attenuator is used to
system in which multiple communication  prevent gain compression due to high-level
streams are interleaved in time, enabling  or broadband signals and to set dynamic

analyzer. The level can be greater than O
dBm on non-preselected spectrum analyzers
but is usually less than —70 dBm on prese
lected analyzers.

LO feedthrouglThe response on the display
when a spectrum analyzer is tuned to 0 Hz,
i.e., when the LO is tuned to the IF. The LO
feedthrough can be used as a 0-Hz marker,
and there is no frequency error.

Log displayThe display mode in which

them to share a common frequency channelrange by controlling the degree of internally vertical deflection on the display is a

generated distortion. In some analyzers,
Harmonic distortiondnwanted frequency  the vertical position of displayed signals is
components added to a signal as the result changed when the input attenuator setting
of the nonlinear behavior of the device (e.g.,is changed, so the reference level is also
mixer, amplifier) through which the signal
passes. These unwanted components are
harmonically related to the original signal. for input attenuator changes, so signals
remain stationary on the display, and the
Harmonic mixingUsing the LO harmonics reference level is not changed.
generated in a mixer to extend the tuning
range of a spectrum analyzer beyond
the range achievable using just the
LO fundamental.

Input impedancerhe terminating imped

logarithmic function of the voltage of the
input signal. We set the display calibration
by selecting the value of the top line of
the graticule, the reference level and scale

changed accordingly. In modern Agilent anafactor in dB/div. On Agilent analyzers, the
lyzers, the IF gain is changed to compensatéottom line of the graticule represents zero

volts for scale factors of 10 dB/div or more,
so the bottom division is not calibrated

in these cases. Modern analyzers allow
reference level and marker values to be
indicated in dBm, dBmV, dBuV, volts, and in

ance that the analyzer presents to the signalsome cases, watts. Earlier analyzers usually
source. The nominal impedance for RF and offered only one choice of units, and dBm

microwave analyzers is usually 50 ohms. Fowas the usual choice.

IF gain/IF attenuationAdjusts the vertical
position of signals on the display without
affecting the signal level at the input mixer.
When changed, the value of the reference
level is changed accordingly.

some systems, e.g., cable TV, 75 ohms is

the nominal and actual input impedance is
given in terms of VSWR (voltage standing
wave ratio).

IF feedthroughA raising of the baseline Intermodulation distortiorlJnwanted

trace on the display due to an input signal atfrequency components resulting from

the intermediate frequency passing through the interaction of two or more spectral

the input mixer. Generally, this is a potential components passing through a device with

problem only on non-preselected spectrum nonlinear behavior (e.g., mixer, amplifier).

analyzers. The entire trace is raised becausdhe unwanted components are related to

the signal is always at the IF; mixing with  the fundamental components by sums and

the LO is not required.
harmonics, e.gu £ fp, 2fi + fp, 2h % fy, 3f

Image frequenciesiwo or more real signals 2f, and so forth.

present at the spectrum analyzer input that

produce an IF response at the same LO  Linear displayThe display mode in which

frequency. Because the mixing products all vertical deflection on the display is directly

occur at the same LO and IF frequencies, it proportional to the voltage of the input

is impossible to distinguish between them. signal. The bottom line of the graticule
represents 0 V, and the top line, the refer

Image responseA displayed signal that

is actually twice the IF away from the fre

guency indicated by the spectrum analyzer.

For each harmonic of the LO, there is an

upon the particular spectrum analyzer. On

frequency by the IF. Images usually appear of graticule divisions. Although the display
only on non-preselected spectrum analyzersis linear, modern analyzers allow reference
level and marker values to be indicated in

most modern analyzers, we select the refer
ence level, and the scale factor becomes the
image pair, one below and one above the LQeference level value divided by the number

standard. The degree of mismatch between Marker:A visible indicator we can place

anywhere along the displayed signal trace. A
read out indicates the absolute value of both
the frequency and amplitude of the trace

at the marked point. The amplitude value is
given in the currently selected units. Also
seeDelta markeandNoise marker

Measurement rangéhe ratio, expressed
in dB, of the maximum signal level that can
be measured (usually the maximum safe
input level) to the displayed average noise

differences of the fundamentals and various |evel (DANL). This ratio is almost always

much greater than can be realized in a single
measurement. Ségynamic range

Mixing modeA description of the particular
circumstance that creates a given response
on a spectrum analyzer. The mixing mode,
e.g., 1, indicates the harmonic of the LO
used in the mixing process and whether

ence level, some nonzero value that dependghe input signal is above (+) or below ()

that harmonic.

dBm, dBmV, dBuV, and in some cases, watts

as well as volts.
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Multiple responsesTwo or more responses

Noise sidebanddviodulation sidebands that Raster displayA TV-like display in which

on a spectrum analyzer display from a singléndicate the short-term instability of the LO the image is formed by scanning the

input signal. Multiple responses occur only
when mixing modes overlap and the LO is
swept over a wide enough range to allow
the input signal to mix on more than one
mixing mode. Normally not encountered in
analyzers with preselectors.

Negative peakThe display detection mode
in which each displayed point indicates the
minimum value of the video signal for that
part of the frequency span or time interval
represented by the point.

Noise floor extensiorDeveloped by Agilent
Technologies, Inc., a modeling algorithm of
the noise power in a signal analyzer which
can be subtracted from the measurement
results to reduce the effective noise level.

Noise figureThe ratio, usually expressed in
dB, of the signal-to-noise ratio at the input

of a device (mixer, amplifier) to the signal-to4in which each displayed point indicates the

noise ratio at the output of the device.

Noise markerA marker whose value
indicates the noise level in a 1-Hz noise

power bandwidth. When the noise marker isPreamplifierAn external, low-noise-figure
selected, the sample display detection modeamplifier that improves system (preampli

is activated, the values of a number of con
secutive trace points (the number depends
upon the analyzer) about the marker are

averaged, and this average value is nermal PreselectorA tunable bandpass filter that

ized to an equivalent value in a 1-Hz noise

(primarily the first LO) system of a spectrum electron beam rapidly across and slowly
analyzer. The modulating signal is noise, in down the display face and gating the beam
the LO circuit itself or in the LO stabilizing on as appropriate. The scanning rates are
circuit, and the sidebands comprise a noise fast enough to produce a flicker-free display.
spectrum. The mixing process transfers any Also seeVector displagndSweep time
LO instability to the mixing products, so
the noise sidebands appear on any spectral Real-time spectrum analyzek: method of
component displayed on the analyzer far  signal analysis in which all signal samples
enough above the broadband noise floor. are processed for some sort of measurement
Because the sidebands are noise, their result or triggering operation. There are
level relative to a spectral component is no gaps between time acquisitions while
a function of resolution bandwidth. Noise  nonreal-time operations leave gaps.
sidebands are typically specified in terms
of dBc/Hz (amplitude in a 1-Hz bandwidth Reference levelhe calibrated vertical
relative to the carrier) at a given offset position on the display used as a reference
from the carrier, the carrier being a spectral for amplitude measurements. The reference
component viewed on the display. level position is normally the top line of the
graticule.
Phase noiseSeeNoise sidebands
Relative amplitude accuracyhe
uncertainty of an amplitude measurement
in which the amplitude of one signal is
compared to the amplitude of another
regardless of the absolute amplitude of
either. Distortion measurements are relative
measurements. Contributors to uncertainty
include frequency response and display
fidelity and changes of input attenuation, IF
gain, scale factor and resolution bandwidth.

Positive peakThe display detection mode

maximum value of the video signal for that
part of the frequency span or time interval
represented by the point.

fier/spectrum analyzer) sensitivity over that
of the analyzer itself.

Residual FMThe inherent short-term
frequency instability of an oscillator in the

precedes the input mixer of a spectrum absence of any other modulation. In the

power bandwidth. The normalization procesanalyzer and tracks the appropriate mixing case of a spectrum analyzer, we usually

accounts for detection and bandwidth plus
the effect of the log amplifier when we
select the log display mode.

Noise power bandwidthA fictitious filter
that would pass the same noise power
as the analyzer’s actual filter, making

comparisons of noise measurements amongsignal amplitude as well as pulse repetition

different analyzers possible.

mode. Preselectors are typically used only expand the definition to include the case

above 2 GHz. They essentially eliminate muln which the LO is swept. Residual FM is

tiple and image responses and, for certain usually specified in peak-to-peak values

signal conditions, improve dynamic range. because they are most easily measured on
the display, if visible at all.

Quasi-peak detector (QPDA:type of

detector whose output is a function of both Residual responseRiscrete responses

seen on a spectrum analyzer display with no

rate. The QPD gives higher weighting to sig input signal present.

nals with higher pulse repetition rates. In the

limit, a QPD will exhibit the same amplitude ResolutionSee Frequency resolution.

as a peak detector when measuring a signal

with a constant amplitude (CW) signal.
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Resolution bandwidtiThe width of the Signal identificationA routine, either

Time gatingA method of controlling the

resolution bandwidth (IF) filter of a spectrummanual or automatic, that indicates whether frequency sweep of the spectrum analyzer
analyzer at some level below the minimum or not a particular response on the spectrumbased on the characteristics of the signal

insertion loss point (maximum deflection  analyzer’s display is from the mixing mode
point on the display). For Agilent analyzers, for which the display is calibrated. If auto
the 3-dB bandwidth is specified; for some
others, it is the 6-dB bandwidth. tuning to show the signal on the correct
mixing mode, or it may tell us the signal’'s
RosenfellThe display detection mode in

which the value displayed at each point is

being measured. It is often useful when
analyzing pulsed or burst modulated

matic, the routine may change the analyzer'signals’ time-multiplexed signals and

intermittent signals.

frequency and give us the option of ignoring TDMA:Time division multiple access is a
the signal or having the analyzer tune itself digital communication method in which-mul

based upon whether or not the video signal properly for the signal. Generally not needediple communication streams are interleaved

both rose and fell during the frequency or
time interval represented by the point. If

the video signal only rose or only fell, the
maximum value is displayed. If the video
signal did both rise and fall, then the maxi
mum value during the interval is displayed
by odd-numbered points, the minimum
value, by even-numbered points. To prevent
the loss of a signal that occurs only inan  Spectral componen®ne of the sine waves
even-numbered interval, the maximum valuecomprising a spectrum.

during this interval is preserved, and in the

next (odd-numbered) interval, the displayed SpectrumAn array of sine waves of

value is the greater of either the value car differing frequencies and amplitudes and
ried over or the maximum that occurs in the properly related with respect to phase that,

on preselected analyzers.

Span accuracyThe uncertainty of the
indicated frequency separation of any two
signals on the display.

Spectral puritySeeNoise sidebands

in time, enabling them to share a common
frequency channel.

Units: Dimensions of the measured
quantities. Units usually refer to amplitude
guantities because they can be changed. In
modern spectrum analyzers, available units
are dBm (dB relative to 1 milliwatt dissi
pated in the nominal input impedance of the
analyzer), dBmV (dB relative to 1 millivolt),
dBuV (dB relative to 1 microvolt), volts, and
in some analyzers, watts. In Agilent aralyz
ers, we can specify any units in both log and
linear displays.

current interval. taken as a whole, constitute a particular
time-domain signal. Vector diagramA display type commonly
used when analyzing digitally modulated

signals. It is similar to a constellation dis

SampleThe display detection mode in
which the value displayed at each point is
the instantaneous value of the video signal
at the end of the frequency span or time
interval represented by the point.

Spectrum analyzeA device that effectively

performs a Fourier transform and displays play, except that in addition to the detected

the individual spectral components (sine  symbol points, the instantaneous power

waves) that constitute a time-domain signal.levels during state transitions are also-plot

Phase may or may not be preserved, depentkd on an IQ graph.

Scale factorThe per-division calibration of ing upon the analyzer type and design.

the vertical axis of the display. Vector displayA display type used in earlier

Spurious response3he improper spectrum analyzer designs, in which the

Sensitivity:The level of the smallest responses that appear on a spectrum ana electron beam was directed so that the

sinusoid that can be observed on a spectruntyzer display as a result of the input signal. image (trace, graticule, annotation) was

analyzer, usually under optimized conditionsinternally generated distortion products written directly on the CRT face, not created

of minimum resolution bandwidth, 0-dB are spurious responses, as are image and from a series of dots as in the raster displays

RF input attenuation and minimum video  multiple responses. commonly used today.

bandwidth. Agilent defines sensitivity as the

displayed average noise level. A sinusoid at Sweep timeThe time to tune the LO across Video:n a spectrum analyzer, a term

that level will appear to be about 2 dB abovethe selected span. Sweep time does not  describing the output of the envelope

the noise. include the dead time between the comple detector. The frequency range extends from

tion of one sweep and the start of the next. 0 Hz to a frequency typically well beyond the

In zero span, the spectrum analyzer’s LO is widest resolution bandwidth available in the

fixed, so the horizontal axis of the display analyzer. However, the ultimate bandwidth of

Signal analyzerA spectrum analyzer is calibrated in time only. In nonzero spans, the video chain is determined by the setting

that also uses digital signal processing to  the horizontal axis is calibrated in both of the video filter.

perform other more complex measurementsfrequency and time, and sweep time is usu

such as vector signal analysis. ally a function of frequency span, resolution Video amplifierA post-detection,

bandwidth and video bandwidth. DC-coupled amplifier that drives the vertical
deflection plates of the CRT. S@deo
bandwidthandVideo filter

Shape factorSeeBandwidth selectivity
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Video averag@A digital averaging of a Video bandwidthThe cutoff frequency Zero spanThat case in which a spectrum
spectrum analyzer’s trace information. The (3-dB point) of an adjustable low-pass analyzer’s LO remains fixed at a given
averaging is done at each point of the filter in the video circuit. When the video frequency so the analyzer becomes a
display independently and is completed over bandwidth is equal to or less than the reso fixed-tuned receiver. The bandwidth of
the number of sweeps selected by the user.lution bandwidth, the video circuit cannot  the receiver is that of the resolution (IF)
The averaging algorithm applies a weightindully respond to the more rapid fluctuations bandwidth. Signal amplitude variations are
factor (1/n, where n is the number of the of the output of the envelope detector. The displayed as a function of time. To avoid any
current sweep) to the amplitude value of a resultis a smoothing of the trace, i.e., a loss of signal information, the resolution
given point on the current sweep, applies reduction in the peak-to-peak excursion of bandwidth must be as wide as the signal
another weighting factor [(n — 1)/n] to the broadband signals such as noise and pulsettandwidth. To avoid any smoothing, the
previously stored average, and combines théRF when viewed in the broadband mode. video bandwidth must be set wider than the
two for a current average. After the desig The degree of averaging or smoothing is aresolution bandwidth.
nated number of sweeps are completed, thefunction of the ratio of the video bandwidth
weighting factors remain constant, and the to the resolution bandwidth.
display becomes a running average.

Video filterA post-detection, low-pass

filter that determines the bandwidth of the

video amplifier. Used to average or smooth

a trace. Se&/ideo bandwidth
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