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Safety and Preparation For Use

WARNING!

Al

Caution

A

Dangerous voltages, capable of causing injury or death, are
present in this instrument. Use extreme caution whenever the
instrument cover is removed. Do not remove the cover while
the unit is plugged into a live outlet.

Thisinstrument may be damaged if operated with the LINE VOLTAGE SELECTOR set
for the wrong AC line voltage or if the wrong fuse isinstalled.

Line Voltage Selection

Line Fuse

Line Cord

Service

A

Fan

The SR785 operates from a 100V, 120V, 220V, or 240V nominal AC power source
having aline frequency of 50 or 60 Hz. Before connecting the power cord to a power
source, verify that the LINE VOLTAGE SELECTOR card, located in the rear panel fuse
holder, is set so that the correct AC input voltage value is visible.

Conversion to other AC input voltages requires a change in the fuse holder voltage card
position and fuse value. Disconnect the power cord, open the fuse holder cover door and
rotate the fuse-pull lever to remove the fuse. Remove the small printed circuit board and
select the operating voltage by orienting the printed circuit board so that the desired
voltage is visible when pushed firmly into its slot. Rotate the fuse-pull lever back into its
normal position and insert the correct fuse into the fuse holder.

Verify that the correct line fuse is installed before connecting the line cord. For
100V/120V, use a1.5 Amp fuse. For 220V/240V, use a 3/4 Amp fuse.

The SR785 has a detachable, three-wire power cord for connection to the power source
and to a protective ground. The exposed metal parts of the instrument are connected to
the outlet ground to protect against electrical shock. Always use an outlet which hasa
properly connected protective ground.

Do not attempt to service or adjust this instrument unless another person, capable of
providing first aid or resuscitation, is present.

Do not install substitute parts or perform any unauthorized modifications to this
instrument. Contact the factory for instructions on how to return the instrument for
authorized service and adjustment.

The fansin the SR785 are required to maintain proper operation. Do not block the vents
in the chassis or the unit may not operate properly.
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Features

Measurements

Views

Displays

FFT Resolution

FFT Windows

Correlation Windows

Averaging

Analysis

User Math

FFT Group

FFT (Linear Spectrum) Time Record

Time Capture
Cross Spectrum

User Math Functions

Correlation Group

Cross Correlation
Windowed Time

Frequency Response
Coherence

Autocorrelation
Time Capture

Octave Analysis Group

1/1, 1/3, 1/12 Octave

LEQ

Swept Sine Group

Spectrum

Time Capture
Impulse

Transfer Function

Normalized Variance User Math Functions

Time Histogram Group

Histogram

Probability Density

Unfiltered Time Record User Math Functions

Log Magnitude
Real Part
Unwrapped Phase

Single
Waterfall with Skew

Linear Magnitude
Imaginary Part
Nichols Plot

Dual Upper/Lower
Zoom and Pan

100, 200, 400 or 800 FFT lines

Hanning
Kaiser

User defined
[-T/2.T/2]

RMS

Linear or Exponential

Harmonic
Peak Finding
DataTable
Waterfall Slice

+, -, %/
Real/Imaginary
jw

Group Delay

Blackman-Harris
Uniform

[-T/4..T/4)

V ector

Preview Time Records

Sideband
THD/THD+N
Exceedance (Ly)
Curve Fitting

Conjugate
Sort
Log/Exp
A, B, CWt

Windowed Time
Power Spectrum
Orbit

Time Record
User Math Functions

User Math Functions

Cross Spectrum

Cumulative Density
Time Capture

Magnitude Squared
Phase
Nyquist Plot

Front/Back

Flattop
Force/Exponential

[0..T/2]

Peak Hold
Equal Confidence

Band

Limit Testing
Statistics

Curve Synthesis
Magnitude/Phase

FFT/Inverse FFT
d/dx
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X Features

Source Outputs

Trigger Arming

Trigger Sources

Time Capture

Storage

Hard Copy

File Translation

Interfaces

Help

Sine Two Tone Swept Sine
Offset White/Pink Noise Burst Noise
Chirp Burst Chirp Arbitrary
Auto Arm Manua Arm RPM Arm
Time Arm

Continuous Internal Externa
External/TTL Source Manud

Capture time data for later analysis (FFT or Octave). Up to 2 Msamples
of data can be saved with standard memory, 8 Msamples with optional
memory.

3.5", 1.44 Mbytes, DOS formatted disk. Save data, setups and hardcopy.

Print to dot matrix or LaserJet/InkJet printers. Plot to HPGL or
Postscript plotters. Print/Plot on-line (serial, parallel or IEEE-488) or to
disk file. GIF, EPS and PCX graphic formats available for disk output.

Native SR785 binary files can be converted to: ASCII, MATLAB®
.MAT Files, Universal File Format, and HP SDF v3 Files.SDF and
SR780 files can be converted to native SR785 binary format.
RS232 serial, Centronics parallel and |EEE-488.

On screen help system provides Operating Manual and Programming
Reference on-line.
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Xi

Specifications

Frequency
Range
FFT Spans

FFT Resolution
Real Time Bandwidth

Accuracy

FFT Dynamic Range
Dynamic Range

Harmonic Distortion
Intermodul ation Distortion
Spurious

Alias Responses

Full Span FFT Noise Floor

Residual DC Response
Amplitude Accuracy

Single Channel
Cross Channél

Phase Accuracy
Single Channel

Cross Channel

Specifications apply after 30 minutes of warm-up and within 2
hours of last auto-offset. All specifications are with 400 line
FFT resolution and anti-alias filters enabled unless stated
otherwise.

102.4 kHz or 100 kHz (both displays have the same range).
195.3 mHz to 102.4 kHz or 191 mHz to 100 kHz.

The 2 displays can have different spans and start
frequencies.

100, 200, 400 or 800 lines

102.4 kHz (highest FFT span with continuous data
acquisition and averaging on both inputs).

25 ppm from 20°to 40°C

-90 dBfstypical, -80 dBfs guaranteed (FFT and Octave),
145 dB (Swept Sine).

Includes spurs, harmonic and intermodulation distortion and
alias products. Excludes alias responses at extremes of span.
<-80 dB (Single tone in band).

<-80 dB (Two tonesin band, each <- 6.02 dBfs).

<-80 dBfs

<-80 dBfs (Single tone outside of span, < 0 dBfs, < 1 Mhz).
-100 dBfstypical (Input grounded, Input Range > -30 dBV,
Hanning window, 64 RM S averages).

< -30 dBfs (FFT with Auto Cal On).

+ 0.2 dB (excluding windowing effects).

+ 0.05dB (dc to 102.4 kHz)

(Transfer Function measurement, both inputs on the same
Input Range, RM S averaged).

+ 3.0 deg relative to External TTL trigger.

(-50 dBfsto 0 dBfs, freq < 10.24 kHz)

(Center of frequency bin, DC coupled)

For Uniform, Blackman-Harris, Hanning, Flattop

and Kaiser windows, phaseisrelativeto a cosine
wave at the center of the time record.

For Force and Exponential windows, phaseis relative
to a cosine wave at the beginning of the time record.
+ 0.5 deg (dc to 51.2 kHz)

+ 1.0 deg (dc to 102.4 kHz)

(Transfer Function measurement, both inputs on the same
Input Range, Vector averaged.)
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xii Specifications

Signal Inputs
Number of Inputs 2
Full Scale Input Range -50 dBV (3.16 mVpk) to +34 dBV (50 Vpk) in 2 dB steps.
Maximum Input Level 57 Vpk

Input Configuration Single-ended (A) or True Differential (A-B).
Input Impedance 1MQ + 50 pF
Shield to Chassis FloatingMode: 1 MQ +0.01 pF

Grounded Mode: 50 Q

Shields are aways grounded in differential input (A-B).
Maximum Shield Voltage 4 Vpk
AC Coupling -3 dB rolloff at 0.16 Hz.
CMRR 90 dB at 1 kHz (Input Range < 0 dBV).

80 dB at 1 kHz (Input Range <10 dBV).

50 dB at 1 kHz (Input Range =10 dBV).

ICP Signal Conditioning Current Source: 4.8 mA
Open Circuit Voltage +26V

A-weight Filter ANSI Standard S1.4-1983; 10 Hz to 25.6 kHz,
Type O Tolerance.

Crosstalk <-145 dB below signal,

(Input to Input and Source to Inputs, 50 Q receiving input
source impedance).

Input Noise <10 nVrms/VHz (< -160 dBVrms/vHz) above 200 Hz.
Trigger Input

Modes Continuous, Interna, External, or External TTL.

Internal Level adjustable to £100% of input scale.

Positive or Negative slope.

Minimum Trigger Amplitude: 5% of input range
External Level adjustableto £5V in 40 mV steps.

Positive or Negative slope.

Input Impedance: 1 MQ

Max Input: £5V
Minimum Trigger Amplitude: 100 mV

External TTL Requires TTL level to trigger (low<0.7V, high>3.0V).

Post-Trigger Measurement record is delayed up to 100,000 samples after
the trigger.

Pre-Trigger M easurement record starts up to 8000 samples prior to the
trigger.

Tachometer Input
Modes External, or External TTL.
External Level adjustableto £5V in 4 mV steps.

or £25V in 20 mV steps.
Positive or Negative slope.

Time Capture
Mode Continuous real time data recording to memory.
Maximum Rate 262,144 samples/sec for both inputs.
Lower rates may be used for longer capture.
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Xiii

Maximum Capture Length

Octave Analysis
Standards
Frequency Range

Accuracy
Dynamic Range

Sound Level

Source Output
Amplitude Range
Amplitude Resolution
DC Offset
Output Impedance

Sine
Amplitude Accuracy

Offset
Harmonics, Sub-Harmonics
and Spurious Signals

Two Tone
Amplitude Accuracy

Offset
Harmonics, Sub-Harmonics
and Spurious Signals

White Noise
Time Record
Bandwidth
Flatness

2M samples standard,
8M samples optional .

Conformsto ANSI S1.11-1986, Order 3, Type 1-D.
Band centers:

Single Channel

1/1 Octave 0.125Hz - 32 kHz
1/3 Octaves 0.100 Hz - 40 kHz
1/12 Octaves 0.091 Hz - 12.34 kHz
Two Channels

1/1 Octave 0.125Hz - 16 kHz
1/3 Octaves 0.100 Hz - 20 kHz
1/12 Octaves 0.091 Hz - 6.17 kHz

< 0.2 dB (1 second stable average, single tone at band center).
80 dB (1/3 Octave, 2 second stable average),

per ANSI S1.11-1986.

Exponential time averaged broadband power (L),

per ANSI S1.4-1983, Type O.

Broadband Impulse and Peak power, per

IEC 651-1979, TypeO.

Sum of octave bands total power.

0.1 mVpkto 5 Vpk

0.1 mvpk

<10.0 mV (typical)

<5Q; £100 mA peak output current.

+1% of setting, 0 Hz to 102.4 kHz

0.1 Vpk to 5.0 Vpk, high impedance load.
0V to+5V, max output +5 V (ac+dc).
0.1Vpkto5Vpk, 0V offset,

<-80 dBc (fundamental < 30 kHz),

<-74 dBc (fundamental > 30 kHz).

+1% of setting, 0 Hz to 102.4 kHz

0.1 Vpk to 5 Vpk, high impedance |oad.
0V to+5V, max output +5 V (ac+dc).
0.1Vpkto25Vpk, 0V offset,

< -80 dBc (fundamental < 30 kHz),
<-74 dBc (fundamental > 30 kHz).

Continuous or Burst
DC to 102.4 kHz or limited to analysis span.
<0.25 dB pk-pk (typical), <1.0 dB pk-pk (max),
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xiv  Specifications

Pink Noise
Time Record
Bandwidth
Flatness

Chirp

Time Record
Output
Flatness
Crest Factor

Swept Sine
Auto Functions
Dynamic Range
Offset

Arbitrary

Amplitude Range

Record Length

General
Monitor
Interfaces

Hardcopy

Disk

Preamp Power
Power
Dimensions
Weight
Warranty

(5000 rms averages).

Continuous or Burst

DC to 102.4 kHz

<2.0 dB pk-pk, 20 Hz - 20 kHz,

(measured using averaged 1/3 Octave Analysis).

Continuous or Burst

Sine sweep across the FFT span.
+0.25 dB pk-pk, Amplitude = 1.0 Vpk.
1.94 (5.77 dB)

Source Level, Input Range and Frequency Resolution.
145 dB
0V to+5V, max output +5 V (ac+dc).

5V

2M samples (playback from Arbitrary Waveform memory or
a Capture buffer),

4M and 8M samples optional.

Variable output sample rate.

Monochrome CRT, 800H by 600V resolution.

|EEE-488, RS232 and Printer interfaces standard.

All instrument functions can be controlled through the
IEEE-488 and RS232 interfaces. A PC (XT) keyboard input is
provided for additional flexibility.

Print to dot matrix and HP LaserJet/InkJet compatible printers.
Plot to HPGL or Postscript plotters. Print/Plot to RS232 or
IEEE-488 interfaces or to disk file. Additional file formats
include GIF, PCX and EPS.

3.5inch DOS compatible format, 1.44 Mbytes capacity.
Storage of data, setups and hardcopy.

Power connector for SRS preamplifiers.

70 Watts, 100/120/220/240 VAC, 50/60 Hz.

17"W x 8'"H x 22"'D

56 Ib.

One year parts and labor on materials and workmanship.
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Chapter 1

Getting Started

These example measurements are designed to acquaint the first time user with the SR785 Dynamic
Signal Analyzer. They provide afoundation for understanding how to use the SR785. For amore
complete overview of the instrument and its capahilities, refer to the * Analyzer Basics' and ‘ Operation’

sections of this manual.

Many of the examples use the test filter enclosed with this manual. The filter isasimple twin-tee 1 kHz
passive notch filter. Thisfilter provides an interesting frequency response for these measurements.

In This Chapter

General Installation
Caution
Line Voltage Selection
Line Fuse
Line Cord
Power Switch
Screen Brightness
Fan

Front Panel Quick Start
[Hardkeys]
<Softkeys>
[Alt] Keys
Knob
Help

Things To Watch Out For
Start
Live Display
Narrow Span
Low Detection Frequency
Averaging
Triggering
Scaling and Ranging
Local
Reset

1-3

Analyzing a Sine Wave 1-9
Measuring a Frequency Response

Function 1-13
Linking (Advanced Operation) 1-17
Triggering and the Time Record 1-21
Octave Analysis 1-25
Capture 1-29
Waterfall Display 1-37
Swept Sine Measurement 1-45
Saving and Recalling 1-51
User Math Functions 1-57
Limit Testing 1-61
Exceedance Statistics 1-65

SR785 Dynamic Sgnal Analyzer



1-2  Getting Started

SR785 Dynamic Sgnal Analyzer



Getting Started  1-3

General Installation

Caution
Thisinstrument may be damaged if operated with the LINE VOLTAGE SELECTOR set
for the wrong AC line voltage or if the wrong fuse isinstalled.

Line Voltage Selection
The SR785 operates from a 100V, 120V, 220V, or 240V nominal AC power source
having aline frequency of 50 or 60 Hz. Before connecting the power cord to a power
source, verify that the LINE VOLTAGE SELECTOR card, located in the rear panel fuse
holder, is set so that the correct AC input voltage value is visible.

Conversion to other AC input voltages requires a change in the fuse holder voltage card
position and fuse value. Disconnect the power cord, open the fuse holder cover door and
rotate the fuse-pull lever to remove the fuse. Remove the small printed circuit board and
select the operating voltage by orienting the printed circuit board so that the desired
voltage is visible when pushed firmly into its slot. Rotate the fuse-pull lever back into its
normal position and insert the correct fuse into the fuse holder.

Line Fuse
Verify that the correct line fuse is installed before connecting the line cord. For
100V/120V, use a 1.5 Amp fuse. For 220V/240V, use a 3/4 Amp fuse.

Line Cord
The SR785 has a detachable, three-wire power cord for connection to the power source
and to a protective ground. The exposed metal parts of the instrument are connected to
the outlet ground to protect against electrical shock. Always use an outlet which hasa
properly connected protective ground.

Power Switch
The power switch ison the rear panel. Turn the unit on by depressing the upper half of
the power switch. The green power LED on the front panel indicates that the unit is
powered.

Screen Brightness
If the screen istoo dark or too bright, adjust the brightness using the Brighter and
Dimmer buttons below the softkeys (below right of the display). Do not set the
brightness higher than necessary.

Fan
The fansin the SR785 are required to maintain proper operation. Do not block the vents
in the chassis or the unit may not operate properly.
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Front Panel Quick Start

There are two types of front panel keys which are referenced in this section. Hardkeys
are those keys with labels printed on them. Their function is determined by the label and
does not change. Hardkeys are referenced by brackets like this - [Hardkey]. Softkeys are
the ten gray keys along the right edge of the screen. Their function islabeled by a menu
box displayed on the screen next to the key. Softkey functions change depending upon
the menu and instrument configuration. Softkeys are referenced as the <Softkey>.

[Hardkeys]
The keypad consists of four groups of hardkeys (keys with printed labels).

The ENTRY keys are used to enter numeric parameters which have been highlighted by
a softkey. The MENU keys select a menu of softkeys. Pressing a menu key will change
the menu boxes which are displayed next to the softkeys. Each menu presents a group of
similar or related parameters and functions. The CONTROL keys start and stop data
acquisition, toggle the active display and link parameters and functions. These keys are
not in a menu since they are used frequently and within any menu. The FUNCTION keys
perform common functions such as Auto Scale and Auto Range. These keys can be
accessed at any time.

<Softkeys>
The SR785 has a menu driven user interface. The Menu keys each display a menu of
softkeys. The softkeys are at the right of the video display and have different functions
depending upon the displayed menu.

There are three types of softkeys - buttons, lists and numeric values. A button performs a
function, such as <Full Span>. A list presentsalist of choices or optionsin the entry
field (at the top of the screen). Use the knob to make a selection and press [Enter].
<Measurement> is an example of alist. A numeric value presents the current value in the
entry field and awaits numeric entry. Enter a new value with the entry keys and press
[Enter]. <Start Freg> is an example of a numeric value.

[Alt] Keys
The [Alt] key isa specia key which has no meaning by itself but instead modifies the
meaning of another keypress or knob turn. Pressing the [Alt] key toggles the state of the
ALT indicator at the top of the screen. Pressing a control key whilethe ALT indicator is
lit selects the "alternate” function labeled underneath the key instead of the normal
function. Turning the knob when ALT islit affects the way the markers move in the
waterfall, data tables, and other displays.

Knob
The knob normally moves the markers within the displays. If a parameter has been
highlighted by its softkey, the knob adjusts the parameter. List parameters are most
easily modified with the knob. Numeric parameters may also be adjusted with the knob.

Knob list selections are referenced in parenthesis like (Hanning).

SR785 Dynamic Sgnal Analyzer



Getting Started  1-5

Help

2

Enter the on screen help system by pressing [Help/Local]. Help on any hardkey or
softkey is available simply by pressing the key. Press[1] for the Help Index. Press[0] to
exit the help system and return to normal operation.
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Things To Watch Out For

If the analyzer is on but doesn't seem to be taking data, there are a number of things to

check.

Start
Press the [Start/Reset] key to start the measurements. Make sure the Run/Pause indicator
at the top of the screen displays ‘RUN’ instead of ‘PAUSE’. Note that in many cases
when settings are changed using the menus, the new settings will not take effect until
[Start/Reset] is pressed.

Live Display

If the displays are showing recalled trace data, they are Off-Line and do not display the
live measurement data. Set the Display to Live instead of Off-Line (in the [Display
Options] menu).

Narrow Span
If the FFT span isvery narrow, the time record is very long (up to 1000’ s of seconds).
Completely new datais available only every time record. Change the Time Record
Increment in the [Average] menu) to display overlapped data more often.

Low Detection Frequency
Swept Sine measurements at very low frequencies (<< 1 Hz) take avery long time (at
least 2 cycles and maybe longer). Do not set the sweep Start to a very low frequency to
measure the DC response.

Octave measurements with a very low starting band take along time to settle before the
first measurement isvalid. The settling time is related to the bandwidth of the lowest
octave band. If the Lowest Band islessthan 1 Hz, the settling time can be very long.

Averaging
Very long averaging times for any measurement may give the appearance that the display
does not update. Check the FFT Number Of Averages, the Octave Integration Time or
the Swept Sine Integration Time.

When Linear averaging is on, the measurement is paused after the average is completed
(unless triggered or waterfall storage is on). Press [ Start/Reset] to take another average.

Triggering
If the analyzer iswaiting for atrigger, the Trig Wait indicator at the top of the screenis
on.

If the measurement is not meant to be triggered, make sure the Trigger Modeis Auto
Arm and the Trigger Source continuous.

If the measurement is meant to be triggered, make sure that the correct Trigger Sourceis
selected and the Trigger Level is appropriate for the trigger signal.
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Check that the Trigger Modeis set to Auto Arm. If the Trigger Mode is Manual Arm,
then the analyzer will only trigger once and then wait for the next Manual Arm
command.

Scaling and Ranging

Local

Reset

Check that the inputs are not completely overloaded by using [Auto Range Chl] and
[Auto Range Ch2].

Scale the display to show the entire range of the data with [Auto Scale A] and
[Auto Scale B].

Make sure that the analyzer is not in the REMOTE state where the computer interfaces
have setup the instrument and locked out the front panel. Press the [Local/Help] key to
restore local control.

If the analyzer still seemsto function improperly, turn the power off and turn it back on
while holding down the [<-] (backspace) key. Thiswill reset the analyzer into the default
configuration. The analyzer should power on running and taking measurements.
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Analyzing a Sine Wave

This measurement investigates the spectrum of a 1.024 kHz sine wave. Y ou will use the SR785 source to
provide the sine signal (or you can use a function generator capable of providing a 1.024 kHz sine wave
at alevel of 100 mV to 1V, such asthe SRS DS345). The actual settings of the generator are not
important since you will be using the SR785 to measure and analyze its output.

1. Press[System]
Press <Preset>

Press [Enter] to confirm Preset.

Display the System menu.
Preset returns the unit to its default settings.

Preset requires confirmation to prevent accidental
reset. Wait until the self tests are completed.

2. Connect the Source Output to the Channel 1 A
Input.
(Or connect a function generator's output to the
Chl A Input of the analyzer.)

Setup to analyze the source output.

(The input impedance of the analyzer is1 MQ. The
generator may require aterminator. Many
generators have either a50 @ or 600 Q output
impedance. Use the appropriate feedthrough
termination if necessary. In general, not using a
terminator meansthat the output amplitude will not
agree with the generator setting and the distortion
may be greater than normal.)

3. Press[Source]
Press <Sine>
Press <Frequency 1>
Press[1] [.] [O] [2] [4], select (kHZz) with the
knob, and press [Enter].
Press <On>
(Or
turn on the generator, set the frequency to

1.024 kHz and the amplitude to approximately
1Vrms)

Select the Source menu.
Choose Sine output.
Adjust the output Frequency.

Enter 1.024 kHz for the Frequency. Enter the value
with the numeric entry keys. Select the units with
the knob. Enter the new value with the [Enter] key.

Turn the source on. When the instrument is turned
on, the source is always off.

(Setup the function generator for 1.024 kHz sine
output.)
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4. Press[Auto Range Ch1l]

Let the analyzer automatically set the Input Range
to agree with the signal (either from the Source or
function generator). Note that the Ch1 Input Range
readout at the top of the screenisdisplayedin
inverse when Chl Auto Rangeis on.

5. Press[Freq]
Press <Span>

Use the knaob to adjust the Span to 6.4 kHz and
press [Enter].

Select the Frequency menu.
Adjust the FFT Span.

Set the Span to display the signal and itsfirst few
harmonics.

6. Press[Display Options]
Press <Format>

Select (Single) with the knob and press [Enter].

Select the Display Options menu.
Choose a new Display Format.

Select the desired option from the displayed list and
press [Enter]. Single Display Format shows asingle

large graph.

7. Press[Auto Scale A]

Press [Marker Max]

Automatically scale DisplayA (the active display)
to show the entire range of the measurement.

This moves the Marker to the maximum data point
in the active display (A). The Marker should now
be on the 1.024 kHz signal. The Marker Position
shown above the graph displays the frequency and
amplitude of the signal.

8. Usethe knob to move the Marker around. Take
alook at some of the harmonics.

The knob normally adjusts the Marker Position
within the active display (DisplayA in this case). If
amenu box is highlighted with a softkey, the knob
adjusts the selected parameter shown in the entry
field at the top of the screen.

9. Let'slook at the fundamental only.

Press [ Span Down] twice to decrease the Span
to 1.6 kHz. The Stop Frequency shown at the
bottom right of the graph should read 1.6 kHz.

Press [Marker Max]

Y ou can also use the [Span Up] and [Span Down]
keys to adjust the Span.

Thisisolates the 1.024 kHz fundamental frequency.
Y ou may notice that the spectrum takes a
noticeable time to settle at thislast span. Thisis
because the time record is 250 ms long.

Move the Marker to the peak.
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Press [Marker Center]

This sets the span Center Frequency to the Marker
Position (for the active display). The signal will be
at the center of the span. Further adjustments to the
span will keep the center frequency fixed.

10.Let'slook at the signal distortion.
Press [Freq]

Press <Span>

Enter [1] [2] [.] [8], select (kHZ) with the knob,
and press [Enter].

Press [Auto Scale A]

Select the Frequency menu.
Adjust the Span.

Y ou can also use the numeric keypad to enter the
span.

Enter the 12.8 kHz span numerically. Note that the
Center Frequency isno longer 1.024 kHz. Thisis
because a 12.8 kHz span cannot be centered below
6.4 kHz without starting at a negative frequency.

Adjust the graph scale and reference to display the
entire range of the data. This key can be used at any
time.

11.L et's measure some harmonics using the Marker
Reference.

Press [Marker Max]

Press[Marker Ref]

Use the knob to move the Marker to the
harmonics.

Press[Marker Ref]

Move the Marker to the fundamental peak.

Set the Marker Offset or Reference to the
amplitude of the fundamental. The Marker Position
above the graph now reads relative to this offset
(CD dB). Thisisindicated by the A in front of the
Marker Position reading. A small flag shaped
symbol islocated at the screen location of the
reference.

The Marker Position shows the distortion peaks
relative to the fundamental .

Pressing [Marker Ref] again removes the Marker
Offset and returns the Marker to absolute readings.

12.L et's have the analyzer measure the distortion.
Press[Marker]

Press <Mode>

Select the Marker menu.

Adjust the Marker Mode.

SR785 Dynamic Sgnal Analyzer



1-12 Analyzing a Sine Wave

Select (Harmonic) with the knob and press
[Enter].

Press <# Harmonics>

Use the knab to adjust the Number Of
Harmonicsto 10 and press [Enter].

Press [Marker Max]

Choose the Harmonic Marker for the active display.

Adjust the Number Of Harmonics for analysis.

Enter 10 harmonics.

Move the Marker to the peak (fundamental).

Notice that Harmonic Markers (little triangles)
appear on top of al of the harmonic peaks. These
indicate which data points are used in the harmonic
calculations.

The harmonic calculations are displayed within the
menu. THD (total harmonic distortion) isrelative to
the fundamental. Harmonic power is an absolute
measurement of the harmonic power level.

This concludes this measurement example. Y ou
should have afeeling for the basic operation of the
menus, knob and numeric entry, marker movement
and some function keys.
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Measuring a Frequency Response Function

This example investigates the frequency response of the test filter (enclosed with this manual) using FFT
measurements. Y ou will use the SR785 source to provide a broad band chirp and both input channels to
measure the input to and output from the device under test.

1. Press[System] Display the System menu.
Press <Preset> Preset returns the unit to its default settings.
Press [Enter] to confirm Preset. Preset requires confirmation to prevent accidental

reset. Wait until the self tests are completed.

2. UseaBNC Teeto connect the Source Output to | Frequency Response is defined as Ch2 response

the filter input and the Ch1 A Input. divided by the Ch1 reference. Thus, Chl monitors
the filter input (source output) and Ch2 measures

Connect the filter output to the Ch2 A Input. the response of the device under test.

3. Press[Source] Select the Source menu.

Press <Chirp> Choose Chirp output. The output is an equal
amplitude sine wave at each frequency bin of the
FFT spectrum.

Press <On> Turn the source On.

Press [Window] Select the Window menu.

Press <Window> Adjust the FFT Window function.

Select (Uniform) with the knob and press The Chirp source requires the use of the Uniform

[Enter]. window since not all chirp frequency components

are present at all pointsin the time record. The
chirp is exactly periodic with the FFT time record
and does not ‘leak’ with the uniform window.

4. Press[Auto Range Chl] Let the analyzer automatically set the Input Ranges
to agree with the signals. Note that the Input Range
Press [Auto Range Ch2] readouts at the top of the screen are displayed in
inverse when Auto Rangeis on.
5. Press[Freq] Select the Frequency menu.
Press <Span> Adjust the FFT Span.
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Use the knaob to adjust the Span to 6.4 kHz and
press [Enter].

Set the Span to display the filter notch at 1 kHz.

Thetop display (A) is measuring the filter input
and should show afairly flat spectrum. The bottom
display (B) is measuring the filter output and
should show a deep notch.

Both displays are measuring absolute signal levels.

6. Press[Display Setup]
Press <Measurement>

Select (Freg. Resp.) with the knob and press
[Enter].

Press [Auto Scale A]

Select the Display Setup menu.
Adjust the Measurement of the active display (A).

Choose Frequency Response for the Measurement
in DisplayA (top).

Frequency Response is the ratio of the response
(Ch2) to the input (Chl) and is a unitless quantity.

Adjust the scale and reference for DisplayA to
show the entire range of the data.

7. Press[Marker]
Press <Width>
Select (Normal) with the knob and press [Enter].

Press <Seeks>

Select (Min) with the knob and press [Enter].

Move the Marker Region with the knob to find
the notch frequency and depth. Or press [Marker
Min].

Select the Marker menu.
Adjust the Marker Width for DisplayA.
Change to Normal Width (1/2 division).

Adjust what the Marker Seeks within the Marker
Region.

Seek the Minimum of the data within the Marker
Region.

The Marker Region makes it easy to find narrow
peaks and valleys in the graph. The notch should be
around 1 kHz and about -60 dB deep.

8. Press[Display Options]
Press <X-Axis>

Press <Link>

Select the Display Options menu.
The graph might look better on alog x axis.

The <Link> key lets you make a choice for both
displays. We want both displays on alog x-
axis.Note that the linkage indicator at the top of the
screen changes from DispA to Link.
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Select (Log) with the knob and press [Enter].

Log scale isacommon way to display filter
response functions. Note that both displays now
have log x-axes.

9. Let's show phase response on DisplayB
(bottom).

Press[Active Display]

Press [Display Setup]

Press <M easurement>

Select (<Freg. Resp.>) with the knob and press
[Enter].

Press <View>

Select (Phase) with the knob and press [Enter].

Press [Auto Scale B]

The two displays have separate M easurements.

Make DisplayB the active display. The active
display has its Marker Position Bar (above the
graph) highlighted.

Select the Display Setup menu. The setup of
DisplayB (the active display) is now shown in the
menu.

Adjust the Measurement of DisplayB.

Choose Frequency Response also.

The measured datais a set of complex values which

can be viewed in anumber of different ways.

Choose Phase View to show the phase of the
transfer function.

Scale DisplayB to show the entire phase transfer
function.

10.Let’slink the Markers together.
Press[Active Display]
Press[Marker]
Press <Width>

Select (Spot) with the knob and press [Enter].

Make DisplayA (top) the active display.
Select the Marker menu.
Adjust the Marker Width of DisplayA.

Change the Marker Width to Spot.

11.Press[Link] and use the knob to move the
marker.

Press [Enter]

The [Link] key links the two display markers
together. This allows simultaneous readout of
Transfer Function Magnitude (top) and Phase
(bottom).

Pressing any key removes the linkage between the
markers.
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To permanently link the Markers, go to the
Marker menu.

Press[Marker]
Press <Marker>
Select (Link) with the knob and press [Enter].

Move the Marker with the knob.

Select the Marker menu.
Adjust the Marker Type.

Linked Markers move together. Since we changed
the DisplayA Marker to Linked, moving the
DisplayA Marker moves the DisplayB Marker.

If DisplayB is active, moving its Marker does not
move the DisplayA Marker. To do this, change the
DisplayB Marker Typeto Linked also.

This concludes this measurement example. Y ou
should have afeeling for the basic operation of two
channel measurements and the use of [Active

Display].
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Linking (Advanced Operation)

This example investigates the test filter (enclosed with this manual) using FFT measurements. Y ou will
use the SR785 source to provide a broad band source and both displays to measure the output of the
device under test. Display parameter linking and function linking will be explored in greater detail.

1. Press[System]
Press <Preset>

Press [Enter] to confirm Preset.

Display the System menu.
Preset returns the unit to its default settings.

Preset requires confirmation to prevent accidental
reset. Wait until the self tests are completed.

2. Connect the Source Output to the filter input.

Connect the filter output to the Ch2 A Input.

In this example, only the filter output on Channel 2
isrequired.

3. Press|[Source]
Press <Noise>

Press <On>
Press <Type>

Select (White) with the knob and press [Enter].

Select the Source menu.
Choose Noise output. The output is random noise.

Turn the source on.
Adjust the Noise Type.

This source is White Noise which extends over the
entire 0-102.4 kHz frequency range.

4. Press[Auto Range Ch2]

Let the analyzer automatically set the Input Range
to agree with the signal. Note that the Input Range
readouts at the top of the screen are displayed in
inverse when Auto Rangeis on.

5. Press[Display Setup]
Press <Measurement>

Select (FFT ch2) with the knob and press
[Enter].

Select the Display Setup menu.
Change the Measurement of the active display (A).
Choose FFT spectrum of Ch2 for the measurement

in DisplayA (top). Both displays are independently
measuring the filter output spectrum.

6. Press[Input]
Press <Anayzer Config>

Select the Input Menu
Change the way the input channels are used.
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Select (Independent Chan.)

In this example we'll want to set separate frequency
spans for the two displays. To do that the analyzer
must be in the Independent Channels mode. In the
default Dual Channel mode the span is the same for
both channels, but dual channel measurements are
allowed.

7. Press[Freq]

Press <Span>

Use the knob to adjust the Span to 12.8 kHz and
press [Enter].

Press <Span> again.

Press[Link]

Use the knob to adjust the Span to 3.2 kHz and
press [Enter].

Select the Frequency menu. The menu shows the
frequency parameters for the measurement in

DisplayA (active display).

Highlight the Span. Note that the Link indicator at
the top of the screen turns on. Thisindicates that
the highlighted parameter (Span) is linked to both
displays. Changing alinked parameter affects both
displays at once.

Narrow the Span of both displaysto show the filter
notch at 1 kHz (noisy of course).

Highlight the Span again.

Pressing [Link] toggles parameter linking off. The
Link indicator now shows ‘DispA’ indicating that
this menu box adjusts the span for DisplayA only.

Change the Span of DisplayA to 3.2 kHz. The Span
of DisplayB remains at 12.8 kHz. The SR785
allows the two displays to have differing Spans and
Start frequenciesin the Independent Channels
mode.

Many parameters affect the displays separately.
Linking is a convenient way to adjust the two
displays together and keep their settings the same.

The default settings link many measurement
parameters, such as frequency and averaging,
together as found in many other instruments.

8. Press[Average]

Press <Display Avg>

Select (RMS) with the knob and press [Enter].

Select the Average menu.

Select the averaging mode to display. The SR785
always computes all the averaging modes when
<Compute Avgs> is set to Yes. The <Display Avg>
softkey selects which averaging mode is currently

displayed.

Select RM S Averaging for both displays.
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Press <# Avgs>

Press[Link]

Press[2] [O] and press[Enter].

Change the Number Of Averages for DisplayA.

Unlink the Number Of Averages. ‘DispA’ isshown
on the Link indicator.

Change the Number Of Averages for DisplayA to
20 (instead of 2). DisplayA will average for 10
times as many measurements as DisplayB and be
quite a bit smoother.

. Press[Active Display]

Press [Window]
Press <Window>
Press[Link]

Select (Hanning) with the knob and press
[Enter].

Let’s change the Window for DisplayB. Make
DisplayB the active display.

Select the Window menu.
The windows are linked by default.

Unlink the Window type. ‘DispB’ is shown asthe
Link indicator.

DisplayB is now using the Hanning window while
DisplayA isstill using the BMH window.

So far we have unlinked measurement parameters.
Freguency Span, Averaging and Window type
affect the actual measurements within the displays.
Most analyzers do not allow these measurement
parameters to be unlinked.

Display parameters, such as Scaling, Views, Units
and Marker functions, are usually unlinked.
However, linking them can be a convenient way to
adjust graph parameters together with a minimum
of key presses.

10.Press [Display Setup]

Press <Units>

Press <Pk Units>
Press[Link]

Select (rms) with the knob and press [Enter].

Select the Display Setup menu.
Enter the Units

Select between peak, rms and peak to peak units.
Link the Pk Units parameter (default is unlinked).

Both displays' Units become dBVrmswith asingle
parameter entry. The Pk Units remain linked until
unlinked with the [Link] key.

11.Press <Return>

Return to the Display Setup Menu.
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Press <Y Max>
Press[Link]

Press[-] [1] [O] and press [Enter].

Press [Auto Scale A]

Press[Link] and then [Auto Scale A]

Let’s change the Top Reference of the graphs.
Link the Y Max parameter (default is unlinked).

Change the Top Reference of both graphs to
-10 dBVrmswith asingle entry.

Change the scale of DisplayA to center the data.

Another simple way to adjust the scales of both
graphsisusing the Auto Scale keys.

Pressing [Link] [Auto Scale A] first auto scales
DisplayA and then changes the scale of DisplayB to
match. Thisis convenient when you are comparing
the two displays.

12.Press[Link] and use the knob to move the
Marker. Both Markers move together when
linked.

Press [Enter]

Press[Marker Min]

Press[Link] then [Marker Min]

The [Link] key temporarily links the two display
Markers together.

Pressing any key removes the link between the
Markers.

To permanently link the markers, go to the Marker
menu and change <Marker> to Link.

[Marker Min] moves the Marker in the active
display (B) to the graph minimum.

Pressing [Link] first moves both Markersto their
graph minimums at the same time.

[Link] preceding afunction key generally performs
the function on both displays at once. [Link] [Auto
Scale] matches the active display. [Span Up] and
[Span Down] are always linked.

This concludes this measurement example. Y ou
should have afeeling for linking and unlinking and
the flexibility of unlinked measurements.
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Triggering and the Time Record

This example investigates the trigger and time record. Y ou will need afunction generator capable of
providing a 100 us wide pulse at 256 Hz with an amplitude of 1V. The output should have aDC level of

ov.

Make sure you have read ‘ The FFT Time Record’ in Chapter 2 before trying this exercise.

1. Press[System]
Press <Preset>

Press [Enter] to confirm Preset.

Display the System menu.
Preset returns the unit to its default settings.

Preset requires confirmation to prevent accidental
reset. Wait until the self tests are completed.

2. Turn on the generator and choose a pulsed
output waveform. Set the frequency to 256 Hz,
the pulse width to 100 ps and the amplitude to
1V. (These settings only need to be
approximate.) Make sure that the DC level of
the output is near OV.

Connect the generator output to the Chl A input
of the analyzer.

The input impedance of the analyzer is1 MQ. The
generator may require aterminator. Many
generators have either a50 @ or 600 Q output
impedance. Use the appropriate feedthrough
termination if necessary. In general, not using a
terminator meansthat the output amplitude will not
agree with the generator setting.

3. Press[Input]

Press <Input Config>
Press <Ch1l Input Range>

Press[1.5]. Select (Vpk) with the knob. Now
press [Enter]

Select the Input master menu.

Select the input configuration submenu
Choose an input range that doesn’t overload.

Set the input range to about 1.5 Vpk. The channel
linput range indicator at the top of the unit now
should read 1.58 Vpk, the closest allowed input
range to the value you entered. Adjust the pulse
amplitude to that no overloads occur.

4. Press[Active Display]

Press [Display Setup]

Press <Measurement>

Let’s change the Measurement for DisplayB. Make
DisplayB the active display.

Select the Display Setup menu.

Change the Measurement of the active display (B).
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Select (Timel) with the knob and press [Enter].

Choose Time Record of Ch1 for the measurement
in DisplayB (bottom). Y ou should see the pulse on
the bottom display.

5. Press[Trigger]
Press <Trigger Source>
Select (Ch 1) with the knob and press [Enter].
Press <Trigger Level>
Press[3] [O], select (%) with the knob, and

[Enter].

Press [Auto Scale B]

Select the Trigger menu.

Change the Trigger Source.

Select internal triggering from the Ch 1 input.
Adjust the trigger level.

Set the trigger level as a percentage of full scale.
Adjust the level for astabletimerecord in

DisplayB.

DisplayB (bottom) should display the pulse
waveform at the left edge. In this case, the display
shows the signal pulse as a digital oscilloscope
would.

6. Press[Window]

Press <Window>

Select (Uniform) with the knob and press
[Enter].

Press [Auto Scale A]

Select the Window menul.

Because the pulse is much shorter than the time
record, we need to use the Uniform (or Force)
window. The other window functions taper to zero
at the start and end of the time record. Always be
aware of the effect windowing has on the time
record and the FFT.

Select anew window type for both displays
(window typeislinked by default).

Notice how the spectrum in DisplayA is changed
by the Uniform window.

The spectrum in DisplayA is the sinx/x envelope of
arectangular pulse. The zeroesin the spectrum
occur at the harmonics of 1/pulse width (1/100ps or
10 kHz.)

7. Press <Window>

Select (Hanning) with the knob and press
[Enter].

Press [Display Setup]

Choose a non-optimum window.

Choose the Hanning window. Notice how the
spectrum in DisplayA goes away.

Select the Display Setup menu.
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Press <Measurement>

Select (WinTimel) with the knob and press
[Enter].

Change the Measurement of DisplayB to show the
effect of the Hanning window on the time record.

The Hanning window is zero at the beginning of the
time record and large in the center. This effectively
zeroesthe signal pulse at the start of thetime

record leaving nothing in the windowed time
record. The FFT operates on this windowed time
record and thus the spectrum shows no evidence of
the signal pulse.

. Press[Trigger]

Press <Delay1>

Press[-] [2], select (ms) with the knob, and
[Enter].

Press [Auto Scale B]

Select the Trigger menu again.

Changethe Trigger Delay for the signal on Ch 1.

We can get the spectrum back by delaying the time
record relative to the trigger so that the pulseis
positioned in the center of the time record.

A negative delay means that the time record starts
before the trigger event. In this case, thetime
record is about 4 mslong so adelay of -2ms will
put the signal pulsein the center of the triggered
time record.

Thetrigger delay is specified in time record bins at
the current span.

Note that the windowed time record in DisplayB
shows the signal at the center of the time record.

The amplitude of the windowed time record is not
the same as the amplitude of the time record itself.
Thisis because the window functions have gain and
attenuation at different parts of the time record. The
Hanning window is 2.0 at the center so the
amplitude of the signal in the windowed time
record istwice as large.

The Hanning, Flattop, BMH and Kaiser windows
are not intended for use with narrow pulse signals.
They are used for signals which last the entire time
record and normalized as such.

The Uniform (and Force) windows have no gain
and should be used with pulsed signals such asthis.
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9. Press[Display Setup]

Press <Measurement>

Select (Timel) with the knob and press [Enter].
Press [Window]
Press <Window>

Select (Uniform) with the knob and press
[Enter].

Select the Display Setup menu.

Change the Measurement of DisplayB back to Time
Record.

Timel is the un-windowed time record.
Select the Window menul.
Change the window type for both displays.

Use the Uniform window (which is the correct
window for this measurement).

10.Press[Trigger]
Press <Trigger Source>

Select (Cont) with the knob and press [Enter].

Adjust the generator frequency to 255 Hz.

Select the Trigger menu.
Change the Trigger Mode.

The continuious trigger source triggers
measurements as fast as the analyzer can go.

If the generator is set to 256 Hz pulserate, the
signal will drift slowly in the time record. Thisis
because the SR785 time records are exactly

1/256 Hz (3.90625 ms) long (400 lines at full span)
and the analyzer isrunning in real time (no missed
data).

The drift in the time record is because the analyzer
and the generator are using different time bases.

The time record is now unstable and the pulse
moves through the entire time record.

The spectrum in DisplayA is mostly unaffected
since the Uniform window allows the pulse to be
anywhere in the time record.

Only when the pulse is not entirely within the time
record is the spectrum disturbed.

This concludes this measurement example. Y ou
should have afeeling for triggered time records and
the effect of windowing on the resulting FFT.

SR785 Dynamic Sgnal Analyzer



Octave Analysis 1-25

Octave Analysis

This example investigates the test filter (enclosed with this manual) using Octave measurements. Y ou
will use the SR785 source to provide a broad band source and both displays to measure the output of the

device under test.

Refer to ‘ Octave Analysis’ in Chapter 2 for more about Octave Analysis measurements.

1. Press[System]
Press <Preset>

Press [Enter] to confirm Preset.

Display the System menu.
Preset returns the unit to its default settings.

Preset requires confirmation to prevent accidental
reset. Wait until the self tests are completed.

2. UseaBNC Tee to connect the Source Output to
the filter input and the Ch1 A Input.

Connect the filter output to the Ch2 A Input.

Ch1 measures the source (filter input) and Ch2
measures the filter output.

3. Press[Display Setup]
Press <Measure Group>
Select (Octave) with the knob and press [Enter].

Press[Source], <On>.
Press[Link] [Auto Scale A]

Select the Display Setup menu.
Change the M easurement Group.

Choose the Octave group. Both displays are now
making Octave Analysis measurements.

Turn the source on.
Auto Scale DisplayA and change the scale of
DisplayB to match DisplayA.

The Octave measurement displays the output of
logarithmically spaced bandpassfilters. Thisis not
an FFT based measurement. The last bin at the right
isa Sound Level measurement and may be
calculated independently from the octave bands.

Note that even though the sourceisasingle
frequency sine wave, the octave display shows a
very broad peak. Thisis because the individua
bandpass filters are very broad, 1/3 of an octave in
this case.
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4. Press[Source]

Press <Noise>

Press <Type>

Use the knob to select (Pink) and press [Enter].

Press [Auto Range Ch1] and [Auto Range Ch2].

Press [Auto Scale A] and [Auto Scale B].

Sel ect the Source menu.

Choose Noise as the source type. Octave
measurements are generally used to measure noise.

Change the type of noise.

Choose Pink noise. Pink noise rolls off at -3dB per
octave. This maintains equal power per octave band
and yields aflat octave spectrum.

Adjust the input ranges to remove overloads.

Notice that the measurement needs to settle after
the input range is changed. Thisis because the
measurement isinvalid until the input change has
propagated through all of the octave band filters.
This settling time is related to 1/bandwidth of each
filter. Bands which are un-settled are graphed in
half intensity. * Settle’ is displayed until all bandsin
the display are settled.

DisplayA (Chl) shows the flat source spectrum and
DisplayB (Ch2) shows the notch filter output.

5. Press[Average]

Press <Integration Time>

Press[1], select (s) with the knob, and press
[Enter].

Select the Average menu. Note that thismenu is
changed in Octave group.

The Integration Time is the averaging time
constant. All Octave measurements are rms
averaged.

Increase the Integration Time to smooth the
fluctuations in the spectrum.

6. Press[Freq]
Press <Octave Resolution>

Use the knob to select (Full) and press [Enter].

Press <Octave Resolution>

Select the Frequency menu.
Change the number of bands per octave.
Choose Full octave bands.

Each band represents afull octave with very poor
frequency resolution.

Change the number of bands per octave again.
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Use the knob to select (Twelfth) and press
[Enter].

Choose 1/12 octave bands.

Each band represents 1/12 of an octave with very
good frequency resolution.

Note that the measurement requires along settling
time. Narrow bands increases the settling time
(/bandwidth).

Choosing narrow bands also increases the number
of calculations required and decreases the
maximum frequency which can be measured.

7. Press <Octave Resolution>
Use the knob to select (Third) and press [Enter].

Press <Highest Band>

Use the knob to select 20 kHz and press [Enter].

Press <Octave Channels>

Use the knob to select (1 Channel) and press
[Enter].

Press <Highest Band>

Use the knob to select 40 kHz and press [Enter].

Change the number of bands per octave again.
Let’'sreturn to 1/3 octaves.
Change the highest measured band.

Remember, changing the octave resolution has
lowered the highest band in the measurement.

Set the highest band to 20 kHz.

Thisisthe highest allowed band for 2 channel, 1/3
octave analysis.

We can change the number of channels which are
being measured.

Choose single channel octave analysis. Thislimits
the insturment to analyzing only one input, but
increases the measurement bandwidth.

Change the highest measured band.

Single channel analysis has twice the measurement
bandwidth of two channel analysis. Thus, to
increase the highest measured band, use 1 channel
analysis.

Set the highest band to 40 kHz.

Thisisthe highest allowed band for 1 channel, 1/3
octave analysis.

8. Press[Display Setup]

Select the Display Setup menu.
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Press <Measurement>

Use the knob to select (Oct ch2) and press
[Enter].

Press <Measurement>

Use the knob to select (Oct chl) and press
[Enter].

Change the Measurement of both displays.
Remember, in 1 channel analysis, both displays
measure the same input.

Both displays now show the filter output on Ch2.

Change the M easurement again.

Show the source output on Ch1 on both displays.

9. Press[Input]
Press <Input Config>
Press <Chl A-Wt Filter>

Use the knab to select (On) and press [Enter].

Press[Link] [Auto Scale A]

Select the Input menu.
Show the Input Configuration submenu.
Choose the Chl Input A-Weighting filter.

Turn the A-Wt filter On. The Chl Awt indicator at
the top of the screen is highlighted.

The hardware A-Wt filter conforms to the ANS|
standard and is commonly used in sound
measurements. Thisfilter attenuates high and low
frequencies according to how people hear and
perceive sound.

The A-Weighted spectrum is a bandpass centered
around 2 kHz.

This concludes this measurement example. Y ou
should have afeeling for Octave measurements and
how they are setup.
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Capture

This example investigates the Capture buffer using FFT measurements. Y ou will use the SR785 to
capture asigna and then analyze it from memory.

. Press[System]
Press <Preset>

Press [Enter] to confirm Preset.

Display the System menu.
Preset returns the unit to its default settings.

Preset requires confirmation to prevent accidental
reset. Wait until the self tests are completed.

. Connect the Source Output to the Channel 1 A
Input.

Setup to analyze the source output.

. Press[Source]

Press <Sine>

Press <Frequency 1>

Press[1] [.] [O] [2] [4] select (kHZ) with the

knob and press [Enter].

Press <On>

Select the Source menu.

Choose Sine output.

Adjust the output Frequency.

Enter 1.024 kHz for the Frequency. Enter the value
with the numeric entry keys. Select the units with

the knob. Enter the new value with the [Enter] key.

Turn the source on.

. Press[Capture]

Press <Allocate Memory>

Press <Waterfall Memory>

Select the Capture menu.

The data memory is allocated between Capture,
Waterfall/Order Track, and Arbitrary Waveform
storage.

Memory is allocated in blocks. Each block can
store 2 kPoints. The total number of blocks
availableisdisplayed in the <Total Available>
menu box. This number isfor display only, it
cannot be changed from the menu.

Larger memory options (up to 4000 blocks) are
available.

To increase Capture memory, you must first
decrease the other alocations so that the sum never
exceeds the total available memory.
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Press[0] and [Enter].

Press <Capture Memory>
Press[9] [O] [O] and [Enter].

Press <Confirm Allocation> and <Return>.

Decrease the Waterfall allocation to the minimum
allowed. Note that the analyzer displays an
allocation of 4 blocks. The analyzer always
maintains a minimum allocation for each function
that uses memory..

Select the Capture allocation.
Increase it to 900 blocks. (1,843,200 points).
Y ou must confirm the new allocation. Changing the

memory allocation destroys previously stored data
in the memory.

. Press <Capture Channels>

Use the knob to select (Chl) and press [Enter].

Press <Capture Length>

Press[1] [8] [O] [O] and [Enter].

Select which inputs to capture.

Choose Ch1l only. In this case, the entire capture
buffer is available for Chl. When both channels are
captured, half of the buffer is available for each
channel.

Increase the capture length.
All of the capture alocation (900 blocks) is

available. Each block stores 2 kPoints for atotal of
1800 kPoints.

. Press[Start Capture]

Press[Active Display]
Press [Display Setup]
Press <M easurement>

Use the knob to select (Capturel) and press
[Enter].

Start the capture. The buffer will take 7.03 seconds
to fill. Since the Capture Mode is 1-Shot, the
capture stops once the buffer isfull. During this
time, Capture indicator is highlighted and the
Capture Progress indicator shows how much of the
buffer has been filled (up to 100%).

After capture is complete, the Capture indicator
shows ‘Cap Data’ indicating that the Capture buffer
contains data.

Make DisplayB (bottom) the active display.

Select the Display Setup menu.

Change the measurement of DisplayB.

Choose Capturel to show the contents of the Chl
Capture buffer.
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Press <Zoom>

Press[1] [1] and [Enter].

There are far too many pointsin the buffer to graph
each one. The graph shows the envelope of the data
in this case.

Zoominto show individual points. ‘ Expand’ below
the graph indicates that the graph has been
graphically zoomed and does not show all of the
data along the X axis.

Enter azoom factor of 11 (2'). The display now
shows the signal sine wave clearly.

. Unplug the signal from the Ch1 input.

Press [Input]

Press <Input Source>

Use the knob to select (Playback) and press
[Enter].

Press <Playback Config>
Press <Playback Length>

Press[1] [8] [O] [O] and [Enter].

Press <Playback Mode>

Use the knob to select (Circular) and press
[Enter].

The signal should disappear from the spectrumin
DisplayA.

Select the Input menu.

Change the Input Source to measure from the
Capture buffer.

Choose Playback instead of the analog inputs.

The measurement now takesitsinput from the data
stored in the Ch1 Capture buffer. The signal
reappears in the spectrum in DisplayA.

Only single channel measurements using Chl are
allowed in this case (there is no Ch2 data
available).

Enter the playback configuration submenu.
Y ou can choose to playback only a portion of the
buffer if desired.

Choose the entire buffer by setting the Playback
Length equal to the Capture Length.

Playback can be 1-Shot (once through the buffer
and stop) or Circular (repeat when finished).

Choose circular playback. The % indicator at the
top of the display shows the current progress
through the playback buffer.

uffer during playback.

DisplayB automatically pans to show the portion of
the Capture buffer at the current playback position.
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8. UseaBNC TEE to connect the source to both

Chl and Ch2 A inputs.

Press [Input]

Press <Input Source>

Use the knob to select (Analog) and press
[Enter].

Press [Display Setup]

Press <M easurement>

Use the knab to select (FFT ch2) and press
[Enter].

Reconnect the analog signal to both Ch1 and Ch2
inputs.

Select the Input menu.

Change the Input Source.

Choose Analog input again. The Capture
parameters can not be modified while the
measurement input is Playback.

Select the Display Setup menu.

Change the Measurement for DisplayB.

Measure the Ch2 input also.

. Press[Capture]
Press <Capture Channels>

Use the knob to select (Ch1+Ch2) and press
[Enter].

Press <Sampling Rate>

Use the knob to decrease the rate to 131.1 kHz
and press [Enter].

Press [Start Capture]

Select the Capture menu.
Change which channels are captured.
Choose both channels.

The Capture Length is automatically halved to
accommodate both channelsin the allocated
memory.

We can increase the capture time by decreasing the
Sampling Rate. This decreases the bandwidth of the
stored signal.

Choose 131.1 kHz as the Sampling Rate. The
capture bandwidth is now 51.2 kHz (reduced from
102.4 kHz).

During playback from this buffer, the measurement
bandwidth will not be allowed to exceed 51.2 kHz.

Capture both inputs for 7.03 seconds. Watch for the
Capture Progress indicator to reach 100%.

10.Disconnect the signal from both inputs.

Press [Input]

Press <Input Source>

The signal should disappear from the spectrumin
both displays.

Select the Input menu.

Change the Input Source.
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Use the knob to select (Playback) and press
[Enter].
Press [Auto Scale A] and [Auto Scale B].

Press [Start/Reset]

Press <Playback Config>
Press <Playback Speed>

Use the knob to select (Every Time Rec) and
press [Enter].

Press [Start/Reset]

Press[Trigger]
Press <Trigger Source>

Choose Playback from Capture. Since thereis
captured data for both inputs, both displays start
measuring from the capture.

Scale the displays to show the measurements.

Start playback from the beginning of the buffer.
Since the default Playback Speed is Normal, the
entire playback takes as long as the equivalent real
time measurement. In this case, the capture
represents 7.73 seconds of data so the playback
takes 7.73 seconds as well.

At the current span (51.2 kHz), there are amost
1000 time records of captured data. Not all time
records are displayed during Normal playback
though all time records contribute to averaged
measurements. The display is updated 8 times a
second for 7.73 seconds for atotal of 62 updates
during this playback.

Normal playback islimited to the real time
limitations of the equivalent real time analog input
measurement.

Enter the Playback Configuration submenu.
Change the Playback Speed.

Choose Every Time Record. Since the dataiis
stored in memory, we can choose to display every
stored time record.

Start the playback at the beginning of the buffer.

In this case, all 1000 time records are measured
AND displayed. The display still updates at 8 Hz so
playback takes about 125 seconds to compl ete.

If the time records are overlapped, there may be
more than 1000 measurements to display and
playback will take even longer.

Every Time Record playback is not limited by real
time considerations.

Select the trigger menu.
WEe'll use manual trigger to show how you can step
through each time record in the capture buffer.
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Use the knob to select (Manual) and press
[Enter]
Press <Manual Trigger> several times

Press <Trigger Source>, select (Cont) with the
knob and press [Enter].

Each manual Trigger will step one time record into
the capture buffer.

Each time record is 1k points long, or represents
.11% of the 900k capture buffer. Note that the
playback indicator increments by .11% each time
<Manual Trigger> is pressed.

Return to continuous playback.

11.Press[Freq]

Press <Span>

Use the knob to select (6.4 kHz) and press
[Enter].

Press [Start/Reset]

Select the Frequency menu.

Change the measurement span. The span can not be
increased above 51.2 kHz since the captured datais
bandwidth limited to 51.2 kHz (because of our
capture sampling rate).

Change the span to 6.4 kHz.

Capture playback allows the same captured data to
be measured at different spans, windows,
averaging, etc. Thisisuseful if the signal is hard to
reproduce or occurs infrequently.

At this span, the capture buffer only holds 112.48
time records and takes only 14 secondsto playback
every time record.

12.Press[Input]

Press <Playback Config>
Press <Playback Length>

Press[8] [9] [6] and [Enter].

Press [Start/Reset]

Select the Input menu.

Enter the playback configuration submenu.

It isgenerally agood ideato playback an exact
number of time records. Thisway, the last record
doesn’t wrap around and use points from the start
of the buffer.

At this span (with no overlap), each time record is
62.5 mslong. The capture sampling rate was 131.1
kHz so 2 kPoints of capture represents 15.625 ms
of data. Thus each time record is 8 kPoints of

capture long.

We want the Playback Length to be an integer
multiple of 8 kPoints. 112 time records uses 896
kPoints and is close to the full capture length.

Change the Playback Length to an exact number of
time records.

Start the playback again.
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This concludes this example. Capture and Playback
isaway to record asignal and re-analyze it over
and over.
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Waterfall Display

This example demonstrates the use of waterfall displays. Waterfalls are available for FFT and Octave
measurements for analog inputs as well as capture playback.

In this example, we will simulate a reverberation measurement measuring the SR785 source. To perform
areal measurement, you would use the source to drive a power amplifier and a microphone to receive the

signal.

1. Press[System]
Press <Preset>

Press [Enter] to confirm Preset.

Display the System menu.
Preset returns the unit to its default settings.

Preset requires confirmation to prevent accidental
reset. Wait until the self tests are completed.

2. Connect the Source Output to the Channel 1 A
Input.

Setup to analyze the source output.

3. Press[Display Setup]
Press <Measure Group>

Select (Octave) with the knob and press [Enter].

Select the Display Setup menu.
Change the M easurement Group.

Choose the Octave group. Both displays are now
making Octave Analysis measurements.

4. Press|[Freq]
Press <L owest Band>

Use the knob to select (50 Hz) and press [Enter].

Select the Frequency menu.
Change the lowest band in the display.

Select 50 Hz as the lowest band. The lowest band
places alimitation on the minimum integration
time. Raising this lowest band allows shorter
integration times.

5. Press[Source]

Press <On>
Press <Noise>

Press <Type>

Select the Source menu.

Turn the source on.

Choose Noise as the source type. Octave
measurements are generally used to measure noise.

Change the type of noise.
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Use the knob to select (Pink) and press [Enter].

Press <Burst>

Press[9] [6] [Enter]

Choose Pink noise. Pink noise rolls off at -3dB per
octave. This maintains equal power per octave band
and yields aflat octave spectrum.

Change the Burst percentage.

Using a percentage less than 100% makes the noise
source atriggered source. 100% burst outputs noise
continuously with 100% duty cycle. Bursts less
than 100% will output noise with less than 100%
duty cycle and may be triggered.

In this case, the noise will be output for 96% of the
source period (100 ms default) or 96 ms.

If the measurement is continuously or source
triggered, then the output is noise for 96 ms out of
every 100 ms.

If the measurement is externally or manually
triggered, the output is 96 ms every trigger with the
minimum trigger period equal to 100 ms (the source
period).

6. Press[Average]

Press <Averaging Type>

Use the knob to select (Linear Time) and press
[Enter].

Press <Integration Time>

Use the knob to select (8 ms) and press [Enter].

Press<Linear Avg Trig>

Select the Average menu. Note that thismenu is
changed in Octave group.

Change the Averaging Type.

Use Linear Time for best time resol ution.
Exponential Time averaging takes about 5
integration times to fully respond to a transient.
Linear Time averaging respondsin asingle
integration time.

Change the Integration Time.
Choose the minimum time for the best resolution.
Changethe Linear Average Trig. This determines

how measurements behave when triggering is
enabled (not Free Run).
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Use the knob to select (Start) and press [Enter].

Press <Power Bin>

Use the knob to select (L) and press [Enter].

Choose Start. This means that a new measurement
is started as soon as the previous averageis
complete. In this case, a new measurement is made
every 8 ms, regardless of triggering.

If we choose One Lin Avg., then a measurement is
made only when triggered.

Change the Power Bin.

Choose L (Leg) asthe sound level bin. L isa
standard broad band sound measurement. When we
start the next measurement the result will be
displayed as the last bin in the display and labeled
‘L.

. Press[Trigger]
Press <Trigger Source>

Use the knob to select (Manual) and press
[Enter].

Press <Trigd Source Mode>

Use the knab to select (One Shot) and press
[Enter].

Select the Trigger menu.
Change the Trigger Source.

Choose Manual trigger. We will start our
measurement with a button press. We could aso
use an external trigger. Triggering on the signal
itself requires the use of an external signal source.

Change the Triggered Source Mode. This
determines whether the source triggers only once
(onthefirst trigger after [Start/Reset]) or on every
trigger.

Choose One Shot to trigger the noise burst only
once at the start of the measurement.

. Press[Start/Reset]

Press <Manual Trigger>

[Start/Reset] starts the measurement. Since the
measurement is triggered (not Free Run), nothing
happens until the first trigger is received.

<Manual Trigger> suppliesthe first trigger. The
source outputs a single noise burst (Trigd Source
Mode=0One Shot). The display starts a continuous
stream of octave measurements, each linear
averaged for 8 ms and each starting when the
previous average is complete (Linear Avg

M ode=Continuous).

Since the source only outputs noise for 96 ms, the
rise and fall of the measurement goes by very
quickly.
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Press [Start/Reset] and <Manual Trigger>.

Try it again. It isn't possible to make any
determination of the transient response to the noise
burst in real time.

We need to store the measurements taken 8 ms
apart in the waterfall buffer.

9. Press[Waterfall]
Press <Display>

Use the knob to select (Waterfall) and press
[Enter].

Press <Storage>

Use the knab to select (One Shot) and press
[Enter].

Press <Total Count>

Press[5] [0] [Enter]

Select the Waterfall menu.
Change the Display.

Choose Waterfall display. This shows
measurements scrolling down. Without waterfall
storage, thisis purely graphical, no data can be read
from measurements other than the most recent.

Select waterfall Storage.

Choose One Shot to fill the waterfall buffer once
and stop.

Change the number of measurementsto store in the
waterfall buffer.

The Total Count islinked to both displays by
default. Entering 50 changes the total count for
both displaysto 50.

10.Press[Trigger]

Press [Start/Reset]

Select the Trigger menu again.

[Start/Reset] starts the measurement. Since the
measurement is triggered (not Free Run), nothing
happens until the first trigger is received.
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Press <Manual Trigger>

<Manual Trigger> suppliesthe first trigger. The
source outputs a single noise burst (Trigd Source
Mode=0One Shot). The display starts a continuous
stream of octave measurements, each linear
averaged for 8 ms and each starting when the
previous average is complete (Linear Avg

M ode=Continuous).

50 averaged measurements are stored in the
waterfall buffer starting with the trigger. The first
96 ms (12 measurements) are during the triggered
noise burst. The remaining measurements are taken
after the noise burst turns off and measure the
decay response or reverberation.

The number of records stored in the waterfall is
shown in the Vertical Scale Bar as ‘wf 50'.

11.Press[Alt] and turn the knob clockwise.

Continue until the display does not scroll any
further.

Press[Alt]

Turn the knob clockwise to move the marker
along the frequency axis of a single record.

[Alt] knob moves the marker in the Z direction
(time axis) in the waterfall display. This scrollsthe
display to show earlier measurement record.

When the keypad and knab are in the alternate
mode, the aternate key functions (labeled below
each key) arein effect.

The waterfall records are numbered starting with O
(the most recent measurement) in the back. In this

case, we stored 50 records so the earliest record is

number 49.

The marker Z position is displayed next to the
marker frequency in the Marker Position Bar above
the graph. It should read *49' when you have
scrolled all the way to the beginning of the buffer.

Notice how the first few records show the spectrum
growing at the start of the noise burst The low
frequency bands grow more slowly than the high
frequency bands because their filters have longer
time constants..

Pressing [Alt] removes the keypad and knob from
the alternate mode.

The normal knob function moves the marker along
the X axis of asingle record.
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Move the marker al the way to the right hand
edge of the display. The marker position should
read ‘L:49.

Thelast bin in the octave display is the total sound
level L, (as selected by <Power Bin>).

12.Press [Waterfall]
Press <More>
Press <Sliceto Trace>, select (Trace 1) with the
knob and press [Enter].
Press[Active Display]

Press [Alt] [Help/Local], select (Trace 1) with
the knob and press [Enter].

Press [Auto Scale B]

Use the knob to move the marker around in the
waterfall slice (DisplayB).

Select the Waterfall menu.
Show More of the Waterfall menu.

A waterfall dliceisthe time history of asingle X
axislocation (data at the marker X position from all
stored records). The dlice datais stored in atrace.

Make the bottom display active (DisplayB).

Traceto Display is an alternate function. The
alternate key functions are labeled below each key
(in this case, the [Help/Local] key).

Traceto Display recalls trace datato the active
display.

Auto Scale DisplayB to show the time history of
Leg.

The pointsin a slice are numbered and displayed
from O (oldest) to 49 (newest). Note that this differs
from the waterfall display in which the newest
record is numbered O. Thisis because the sliceisa
time record with time advancing to the right and it
is more natural to number it thisway.

Note that the first 12 records (96 ms) show alarge
value for L, during the noise burst. If thiswas a
real reverberation measurement, the signal would
not decay in a single 8 ms measurement but would
last for areverberation time.

13.Press [Active Display]
Press [Waterfall]

Press <View Count>

Press[5] [O] [Enter].

Press <Marker Z to>

Make the top display active (DisplayA).
Select the Waterfall menu.

Change the View Count. Thisisthe number of
records which are displayed.

Enter 50 to show the entire waterfall buffer.

Move the marker to a specific record number.
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Press[0] [Enter].

Press <Angle>

Use the knab to select (45°) and press [Enter].
Press <More>

Press <Paused Drawing>

Use the knob to select (Oldest at Top) and press
[Enter].

Enter record O (most recent at the back).
Change the skew angle of the display.
Choose 45° to skew the opposite way.
Show More of the Waterfall menu.
Change the waterfall direction.

While the measurement is running, the newest
records are added at the top of the waterfall display.
When the measurement is done or paused, the
waterfall may be drawn with either the newest
(Normal) or Oldest a Top.

Since this measurement is measuring a transient
decay, it is better to draw the oldest record at the
top and the subsequent (smaller amplitude) records
in the front.

This concludes this example. There are many
display parameters in the Waterfall menu which
you should familiarize yourself with.

The transient response of any FFT or Octave
measurement may be recorded in awaterfall buffer.
Using adlice will give atime evolution of asingle
X axisbin.

SR785 Dynamic Sgnal Analyzer



1-44 Waterfall Display

SR785 Dynamic Sgnal Analyzer



Swept Sine Measurement 1-45

Swept Sine Measurement

This example investigates the test filter (enclosed with this manual) using Swept Sine measurements.
Y ou will use the SR785 source to provide a sweeping sine source and both inputs to measure the input to
and output from the device under test.

1. Press[System] Display the System menu.
Press <Preset> Preset returns the unit to its default settings.
Press [Enter] to confirm Preset. Preset requires confirmation to prevent accidental

reset. Wait until the self tests are completed.

2. UseaBNC Tee to connect the Source Output to | In thisinstrument, transfer function is defined as

the filter input and the Ch1 A Input. Ch2 response over Chl reference. Thus, Chl
monitors the filter input (source output) and Ch2
Connect the filter output to the Ch2 A Input. measures the response of the device under test.
Press [Input], <Input Conifg> Select the Input Configuration submenu.
Press <Ch1l Input Range> Adjust the Chl input range.
Press[2], select (dBV pk) with the knob, and Set therangeto 2 dBV.
[Enter].
3. Press[Display Setup] Select the Display Setup menu.
Press <M easurements Group> There are six Measurement Groups - FFT,

Correlation, Octave, Order Analysis, Swept Sine,
and Time/Histogram. The Measurement Group
determines which Measurements are available to

the displays.
Select (Swept Sine) with the knob and press Choose the Swept Sine group. The menus now
[Enter]. configure swept sine measurements only.
4. Press|[Freq] Select the Frequency menu.
Press <Start> Adjust the sweep Start Frequency.
Press[9] [O] [O] select (HZ) withtheknob and | Enter 900 Hz.
press [Enter].
Press <Stop> Adjust the sweep Stop Frequency.
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Press[1] [.] [1] select (kHZ) with the knob and
press [Enter].

Press <# of Points>

Press[1] [O] [2] [4] [Enter].

Enter 1.1 kHz.

The 900 - 1100 Hz sweep covers the filter region of
interest.

Adjust the Number Of Points in the sweep.

Enter 1024 points.

5. Press[Start/Reset]

Wait for the sweep to complete at least once.

Press [Auto Scale A] and [Auto Scale B]

Reset and start the sweep. The sourceisasine
wave whose frequency sweeps from 900 Hz to
1.1 kHz stopping at 1024 discrete frequencies. At
each frequency point, the inputs are measured and

displayed.

The small triangular marker moving across the
bottom of the graphs indicates the position of the
sweep in progress.

Scale the two displays. The top display isthefilter
input (source output) and should be fairly flat. The
bottom display is the filter output and show the
filter notch at 1 kHz.

6. Press[Display Setup]
Press <M easurement>
Select (Freg. Resp.) with the knob and press
[Enter].
Press [Display Options]
Press <Format>

Select (Single) with the knob and press [Enter].

Press [Auto Scale A]

Select the Display Setup menu.

Change the Measurement of DisplayA (active
display).

Choose Frequency Response (filter output divided
by filter input).

Select the Display Options menu.
Change the Display Format.

Choose a Single Display with DisplayA (Frequency
Resonse Function) active.

Scale the display to show the Frequency Response.

7. Press[Marker]
Press <Width>
Select (Normal) with the knob and press [Enter].

Press <Seeks>

Select the Marker menu.
Change the Marker Region width.
Choose Normal Width (1/2 division).

Change the Marker Seeks function.

SR785 Dynamic Sgnal Analyzer



Swept Sine Measurement 1-47

Select (Min) with the knob and press [Enter].

Press[Marker Min]

Seek the Minimum data within the Marker Region.

Move the Marker to the notch minimum. Read the
notch depth and frequency in the marker Position

display.

. Press[Average]
Press <Integration Time>

Press[4] [0] select (ms) with the knob and press
[Enter].

Select the Average menu.
Change the Integration Time.

Enter 40 ms. The Integration Timeisset in
increments of 3.9 ms so the entry is rounded to 39
ms.

The new estimated sweep time is displayed below
the graph.

At each frequency point, the inputs measure the
amount of signal at the source frequency. Thisis
done by multiplying the input data by the source
sine (and cosine) and averaging the results over an
integration time. The actual integration timeis
always rounded up to an exact number of cycles of
the source frequency. This rejects signals which are
at different frequencies, such as noise and
harmonics. Long integration times improve signal
to noise while increasing the measurement time.

The greater of the Integration Cycles and
Integration Time (rounded to the next complete
cycle) is used at each frequency. The sweepisat 1
kHz so each cycle is 1 ms. Setting the Integration
Timeto 40 msincreases the integration time.

Press [Auto Range Ch1] and [Auto Range Ch2]

So far, the Input Ranges, Source Level and Sweep
Resolution have been constant over the sweep.
Let’s change these to optimize both the
measurement and the measurement time.

Change both inputs to Auto Range (the Input Range
indicators at the top of the screen are highlighted).
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Press [Input], <Input Conifg>

Press <Channel>, select (Ch2) with the knob,
and press [Enter].

Press <Ch2 Coupling>

Select (AC) with the knob and press [Enter].

When Auto Rangeis on, the Input Range is
optimized at each frequency point in the sweep. If
the signal is overloaded, the range moves up. If the
signal is below half scale, the range moves down.
This optimizes the input signal to noise at each
point separately and can dramatically improve the
S/N of measurements with alarge dynamic range.
Measurements in excess of 140 dB of dynamic
range are possible with swept sine.

This notch filter isonly -60 dB deep and does not
actually require Auto Range for aclean
measurement. Note that the Ch2 Input Range
changes as the sweep moves through the notch,
following the filter output signal.

Auto Range increases the sweep time.

Select the Input Configuration submenu.

Select Ch2 Input Configuration.

Change the Input Coupling for Ch2.

Choose AC coupling. This eliminates the DC offset

from the source and allows Auto Range on Ch2 to
cover the entire allowable input range.

10.Press[Freq]
Press <Auto Resolution>

Select (On) with the knob and press [Enter].

Select the Frequency menu.
Change the Auto Resolution mode.
Choose Auto Resolution on.

If successive points differ by less than the Faster
Threshold (on both Ch1 and Ch2), then the sweep
starts to skip points. Each successive time this
threshold is met, the number of points skipped is
increased until the Max # of Skipsisreached. This
speeds up the sweep in regions where the response
is slowly changing.
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If successive points differ by more than the Slower
Threshold (on either input), then the sweep returns
to the earlier point and continues with no skipping.
This*fills' in the region where the responseis
rapidly changing. The sweep continues from this
point, speeding up when allowed and slowing down
when required.

Note that the sweep progress marker at the bottom
of the graph changes speed through the notch.

Auto Resolution greatly shortens the measurement
time while preserving the resolution where
required.

11.Press[Source]
Press <Auto Level Ref>

Select (Channel 2) with the knob and press
[Enter].

Press <ldeal Ref>

Press[1] [0], select (mV) with the knob, and
press [Enter].

Press[Active Display]

Select the Source menu.
Change the Auto Level Reference.

Choose Channel 2 asthe Auto Level Reference.

Change the Ideal Reference level.
Enter 10 mV.

Auto Level will try to maintain the Ch2 signal level
at the Ideal Reference level by changing the source
level at each point of the sweep. The Max Source
sets the largest source output allowed.

Thisis useful whenever the transfer function has
substantial gain aswell as attenuation or if atest
requires a constant level within the device under
test (usually input or output). In this case, Auto

Level isnot really required but illustrates its use.

Change the active display to DisplayB (whichis
still measuring the spectrum of Ch2).
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Press [Auto Scale B]

Scale the display. On both sides of the notch, you
can see Auto Level keeping the Ch2 signal level at
10 mV (-40 dBV). The reference toleranceis 3 dB
and is set by the Ref Limits. Asthe sweep moves
into the notch, the source level reaches the Max
Source level of 1V and the Ch2 signal dropsto
-60 dBV. The spectrum of Chl measures the actual
source level at each point and the Frequency
Responseis still calculated correctly.

12.Press[Active Display]

Switch back to DisplayA (Frequency Response).

This concludes this measurement example. Y ou
should have a basic understanding of Swept Sine
measurements. The Input Range, Resolution and
Source Level optimizations greatly extend the
dynamic range of the measurement while
minimizing the measurement times.
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Saving and Recalling

This example illustrates saving and recalling displays to reference displays, traces and disk files.

1. Press[System]
Press <Preset>

Press [Enter] to confirm Preset.

Display the System menu.
Preset returns the unit to its default settings.

Preset requires confirmation to prevent accidental
reset. Wait until the self tests are completed.

2. Connect the Source Output to the Channel 1 A
Input.

Press [Sourceg], <On>
Press [ Span Down] twice to change the span to
25.6 kHz.

Press[Auto Scale A]

Setup to analyze the source output. The default
sourceisa10.24 kHz sine.

Turn the source on.

Narrow the span to display the signal better.

Scale the display to show the entire measurement
range.

3. Press[Display Ref]

Press [Input], <Input Conifg>

Press <Ch1l Input Range>

Copy the current measurement data into the
reference graph for the active display (A).

The reference graph is stored datawhich is
associated with each display. The reference graph
is shown in half intensity.

We need to change the measurement data in order
to see the reference graph sinceit is ‘ underneath’
the current data.

Select the Input Configuration submenu.

Change the input range to raise the noise floor.

SR785 Dynamic Sgnal Analyzer



1-52 Saving and Recalling

Press[3] [0], select (dbV pk) with the knob, and
[Enter].

Select 30 dBV for the Chl Input Range.

Now you can see the reference graph below the
current measurement’ s noise floor. The reference
graph allows visual comparison of live data with
stored data. The marker can also be set to read the
current data relative to the reference graph.

The reference graph can be loaded by copying the
current live data or by copying a stored trace.
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4. Press[Display Setup]
Press <Ymid>

Press[-] [4] [O] and [Enter].

Press [Alt] [Start Capture]

Press [Display Ref]

Press [Auto Scale A]

Select the Display Setup menu.
Change the top reference for the graph.
Set the middle reference to -400 dBV.

Note that the live datais graphed with the new
vertical reference but the reference graph did not
move. This allows the reference graph to be offset
from thelive data (so it isvisible).

Snap Ref is an alternate function. The alternate key
functions are labeled below each key (in this case,
the [Start Capture] key).

Snap Ref redraws the reference graph with the
current display scaling.

Pressing [Display Ref] again turns off the reference
graph. The reference graph datais|ost.

To save the reference graph, transfer the reference
graph to atrace before turning it off. The trace may
be saved to disk.

Scale the graph appropriately again.

5. Press[Alt] [Print Screen]

Use the knob to select Trace 3 and press [Enter].

Press [Span Up] twice to return to full span.
Press[Active Display]

Press [Alt] [Help/Local]

Display to Traceis an aternate function. This
function saves the current data in the active display
to atrace.

Store the display in Trace 3.

There are 5 traces available for data storage. They
can store the results of any measurement (other
than capture buffer). They can be viewed as
complex arrays of data which can be viewed like
any other measurement data.

Change the live measurement.

Make DisplayB (bottom) active.

Traceto Display is an alternate function. This
function recalls trace data to the active display.
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Press [Enter] to select Trace 3.

Press [Display Setup]

Press <Y max>

Press[8] [0] and [Enter].

Press[Active Display]

Press[Active Display]
Press [Display Options]
Press <Display>

Use the knob to select (Live) and press [Enter].

Only Trace 3 contains data at thistime. Only Trace
3 may be selected.

DisplayB now shows the data stored in Trace 3.
Thedisplay islabeled * Off-Line' (in its upper left
corner) indicating that it is showing static data.

Select the Display Setup menu.

Note that the Measurement Group and

M easurement menu boxes are shown in gray. This
indicates that these parameters may not be changed
for the active display. In this case, the active
display contains stored data so the measurement
parameters cannot be changed.

Other measurement parameters, such as averaging
and window type, are also not allowed to be
changed when the active display is Off-Line.
Change the graph scale of DisplayB.

The view and scale of DisplayB can be changed of
course. These parameters ssmply change the way
the stored datais graphed.

Move the graph down.

Make DisplayA (top) the active display. Note that
the Measurement Group and Measurement menu
boxes are not gray. Thisis because these
parameters may be adjusted for the live
measurement in DisplayA.

Make DisplayB (bottom) the active display again.
Select the Display Options menu.

Make DisplayB live again.

Choose Live to return the live measurement to
DisplayB.
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6. Put ablank 1.44MB, 3.5” disk into the disk
drive.

Press [Disk]

Press <Disk Upkeep>

Press <Format Floppy> and press [Enter] to
confirm.

Press <Return>

Let's save DisplayA to adisk file.

Use ablank disk if possible, otherwise any disk that
you don’t mind formatting will do. Make sure the
write protect tab is off.

Select the Disk menu.

Choose the Disk Upkeep menu.

Make sure that the disk does not contain any
information that you want!

This function requires a confirmation. Go ahead
and confirm. Formatting takes about a minute.

Go back to the main Disk menu.

7. Press[Active Display]

Press <File Name>

Press[Alf]

Press[D] [A] [T] [A] [1] [Enter]

Press <Display to Disk>

Press <Display to Disk>

Make DisplayA (top) the active display again. We
are going to save DisplayA to disk.

We need afile name.

[Alt] letsyou enter the letter characters printed
below each key. The number and backspace keys
function normally.

‘ALT" ishighlighted (at the top of the screen) when
the Alternate keys arein use.

Enter afile name (any legal DOS file name up to 8
characters). Pressing [Enter] terminates the entry
and removes the [Alt].

Save the measurement data in DisplayA to disk
using the specified file name.

The extension .78D is appended automatically.

Save the measurement again. Notice that the <File
Name> ahs been changed to DATAZ2. The SR785
will try to autoincrement any filename containing a
number.

8. Press[Active Display]

Press <File Name>

Make DisplayB (bottom) the active display.

To recall afile, first specify the file name. You can
either enter the name or select from the file catalog.
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Turn the knab to display the file catalog.

Use the knob to select one of the disk files and
press [Enter].

Press <Disk to Display>

Turning the knob while <File Name> is highlighted
displays the file catalog of the current directory.

The knob selects afile and scrolls the display. Only
the files with the appropriate extension (.78D) are
shown. To show all files (*.*), press [Exp].

Recall the data in the file to the active display
(DisplayB).

Once again, DisplayB is‘ Off-Line" indicating that
it is showing static data.

9. Press[Display Options]

Press <Display>

Use the knob to select (Live) and press [Enter].

Select the Display Options menu.
Make DisplayB live again.

Choose Live to return the live measurement to
DisplayB.

This concludes this example. Remember, ‘ Off-
Line’ displays are showing stored data, not live
measurement results. Many measurement
parameters can not be adjusted for an ‘ Off-Line’

display.
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User Math Functions

This example measures the group delay of the test filter (enclosed with this manual) using User Math
Functions. Y ou will use the SR785 source to provide a broad band source and both displays to measure

the output of the device under test.

1. Press[System]
Press <Preset>

Press [Enter] to confirm Preset.

Display the System menu.
Preset returns the unit to its default settings.

Preset requires confirmation to prevent accidental
reset. Wait until the self tests are completed.

2. UseaBNC Tee to connect the Source Output to
the filter input and the Ch1 A Input.

Connect the filter output to the Ch2 A Input.

In this instrument, transfer function is defined as
Ch2 response over Chl reference. Thus, Chl
monitors the filter input (source output) and Ch2
measures the response of the device under test.

3. Press[Source]

Press <On>
Press <Chirp>

Press [Window]
Press <Window>

Select (Uniform) with the knob and press
[Enter].

Select the Source menu.

Turn on the source.

Choose Chirp output. The output is an equal
amplitude sine wave at each frequency bin of the
FFT spectrum.

Select the Window menu.
Adjust the FFT Window function.

The Chirp source requires the use of the Uniform
window since not all chirp frequency components
are present at all pointsin the time record. The
chirp is exactly periodic with the FFT time record
and does not ‘leak’ with the uniform window.

4. Press[Auto Range Chl]

Let the analyzer automatically set the Input Ranges
to agree with the signals. Note that the Input Range

Press [Auto Range Ch2] readouts at the top of the screen are displayed in
inverse when Auto Rangeis on.
5. Press[Freq] Select the Frequency menu.
Press <Span> Adjust the FFT Span.
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Use the knaob to adjust the Span to 6.4 kHz and
press [Enter].

Set the Span to display the filter notch at 1 kHz.

Thetop display (A) is measuring the filter input
and should show afairly flat spectrum. The bottom
display (B) is measuring the filter output and
should show a deep notch.

Both displays are measuring absolute signal levels.

6. Press[User Math]
Press <Function>
Use the knab to select (FFTUsrFn2) and press
[Enter].
Press <Edit Fn>

Press <Operands>

Use the knob to highlight FFT(2) and press
[Enter].

Use the knob to highlight / (divide) and press
[Enter].

Use the knob to highlight FFT(1) and press
[Enter].

Select the User Math menu.

Choose one of the five user functions available in
the FFT measurement group.

Select Function?2 to edit.

Show the Edit Function menu.

The display shows the available operands for this
function.

Use <Operands> and <Operations> to switch the
display between operands and operators.

Use the knob to highlight the desired box and press
[Enter] to insert the selection into the function
string at the top of the screen.

Choose FFT(2) asthefirst operand. Thisisthe FFT
of Ch2 and isidentical to the normal measurement.

We are going to define atransfer function
(FFT2/FFT1).

As soon as the operand is entered, the display
switches to show operations.

Choose the divide operation next.
The display switches back to operands.

Y ou can choose another operation instead by
pressing <Operations>.

Choose FFT(1) as the denominator of the transfer
function.

SR785 Dynamic Sgnal Analyzer



User Math Functions 1-59

Press <Function String>

Use the knob to move the insertion point to the
beginning of the function (highlight FFT?2).

Press <Operations>

Use the knab to highlight GrpDly and press
[Enter].

Press <Enter Eq.>

This key moves the marker to the function string at
the top of the screen. This allows you to delete
terms and insert new ones.

Move to the start of the string by highlighting the
first term (FFT2).

‘Ins’ above the function string indicates that new
terms will be inserted before the highlighted term.
‘Rep’ indicates that the new term replaces the
highlighted one. Use <Insert/Replace> to toggle
between insert and replace.

Insert the Group Delay operator in front of the
transfer function.

Closing parentheses are not required (if they are at
the very end of the string).

Enter the equation.

. Press[Display Setup]

Press <Measurement>

Use the knab to select (FFTUsrFn2) and press
[Enter].

Press<View>
Use the knob to select (Real Part) and press

[Enter].

Press [Auto Scale A]

Select the Display Setup menu.

Change the measurement of the active display
(DisplayA).

Choose FFT User Function2.

Change the view. Group delay is the derivative of
the phase with respect to wand isareal time.

Choose Real Part. The units automatically switch to
linear units.

User Functions are dimensionless quantities. Y ou
can choose dB (logarithmic) or units (linear).

Scale the display.

The group delay is the delay time caused by the
filter at different frequencies. The data values are
seconds of delay. Most points are in the
neighborhood of 10 to 600 ps.

At the 1 kHz notch, the group delay has a
singularity. Remember, the notch filter has a phase
discontinuity at the notch frequency.
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8. Press[Display Options]

Press <d/dx Window>

Press[.] [1] [Enter]

Press[2] [Enter]

Select the Display Options menu.

The group delay is the derivative of the phase. The
derivative operation requires an aperture or
window.

Set the window to 0.1% of the display length. This
increases the resolution (makes things narrower) of
the graph while decreasing the smoothing of noisy
data.

Set the window to 2%. This decreases the
resol ution (makes thing wider) while increasing the
smoothing of noisy data.

This concludes this example. User Functions alow
you to define your own measurements starting with
the basic SR785 measurements. User Functions can
also use stored trace data (for calibrations and
normalizations) and user constants.
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Limit Testing

This exampleisintended to familiarize the user with limit testing. Limit Testing tests the measurement
data against a set of defined Limit Segments. When measurement data exceeds a Limit Segment at any
point, the test fails. Each display has its own set of Limit Segments.

A Limit Segment is defined as the line between the pair of points (X0,Y0) and (X1,Y 1). The segment
values between the endpoints are calculated for the displayed span. A segment may be defined as either
an Upper or Lower limit. Measurement data which is greater than an Upper limit or less than a Lower
limit cause the test to fail.

1. Press[System] Display the System menu.
Press <Preset> Preset returns the unit to its default settings.
Press [Enter] to confirm Preset. Preset requires confirmation to prevent accidental

reset. Wait until the self tests are completed.

2. Connect the Source Output to the Channel 1 A | Setup to analyze the source output. The default

Input. sourceisa10.24 kHz sine.
Press [Source], <On> Turn the source on.
Press[Auto Scale A] Scale the display to show all of the data.
3. Press[Analysis] Select the Analysis menu.
Press<Limit Test> Choose Limit Test.
Press <Edit Limits> Show the Edit Limits menu. We can’t turn on any

testing until limits are defined.
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Press <New Segment>

Press <X 0>
Press[8] [0] [0] [O] [Enter]
Press <Y 0>

Press[-] [1] [0] [Enter]

Press <X 1>

Press[1] [2] [0] [O] [O] [Enter]
Press<Y 1>

Press[-] [1] [O] [Enter]

Press <Return>

This function adds a new segment. The new
segment has a default position and length.

The segment is defined by its endpoints, (X0,Y 0)
and (X1,Y1). These values are specified for the
current view and units, in this case, Hz for the x
values and dBV pk for the y values.

The segments are drawn in half intensity. The
arrow markers at the end points point down for
upper limits and point up for lower limits. The
current segment (whose endpoints are shown and
edited in the menu) has two additional arrows at the
endpoints.

Select XOfirst.

Enter avalue of 8000 Hz.

Select YO.

Enter avalue of -10 dBVpk.

Select X1.

Enter avalue of 12000 Hz.

Select Y1.

Enter avalue of -10 dBVpk.

The segment should intersect the signal peak at
10.24 kHz.

Return to the Limit Test menu.

. Press<Limit Testing>

Use the knob to select (On) and press [Enter].

Press <Edit Limits>

Select Limit Testing.

Turn Limit Testing on. The limit test result is
displayed to the left of the graph. In this case ‘Fail’
should be shown.

The limit that we drew is an upper limit. Since the
data peak exceed this limit, the test fails.

Go back to the Edit Limits menu.
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Press <Shift All>

Press[7] [Enter]

Select Shift All limit segments. This moves all of
the segments together. In this case, thereis only one
segment.

Enter 7 to move the segment up by 7 dBV pk.

The new segment is above the signal peak and the
limit test passes.

_ Press <New Segment>
Press <X0>

Press [2] [0] [O] [0] [O] [Enter]
Press <Y 0>

Press[-] [8] [O] [Enter]

Press <X 1>

Press [9] [0] [O] [0] [O] [Enter]
Press<Y 1>

Press[-] [8] [O] [Enter]

Add another segment.
Select XOfirst.

Enter avalue of 20000 Hz.
Select YO.

Enter avalue of -80 dBV pk.
Select X1.

Enter a value of 90000 Hz.
Select Y1.

Enter avalue of -80 dBV pk.

The segment should be above the noise floor. The
limit test should still pass.

. Press <Segment#>

Press[0] [Enter]

Press <Limit Type>

Use the knob to select (Lower) and press
[Enter].

Change the segment which we are editing. The
current segment is identified in the order in which
they are created.

Select segment O (the first one). Before editing a
segment, make sure that you have chosen the
correct one. The current segment isidentified in the
display by two additional arrows at the endpoints
and its endpoint coordinates are displayed in the
menu.

Select the Limit Type for segment O.
Change the limit to a lower limit.

The limit test now fails since data falls below the
segment.
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Press <Return>
Press <Limit Begp>

Use the knab to select (On) and press [Enter].

Return to the Limit Testing menu.
Select Limit Beep.

On enables the audible alarm. This alarm alerts you
to limit test failures.

7. Press[Display Setup]

Press <Measurement>

Use the knob to select (Timel) and press
[Enter].

Select the Display Setup menu.
Change the M easurement.

The limit segments are defined for the current
measurement, view and units. Changing any of
these parameters turns limit testing off.

The Limit Testing and Beep are turned off since the
limit segments we defined have no meaning for this
measurement.

Change the Measurement to Time Record Chl.

If we went back to the Limit Testing menu and
tried to edit limits now, the previous limit segments
would be lost. Each display only has a single set of
limits and they are defined for a specific
measurement, view and units.

Press <Measurement> Change the M easurement back.
Use the knob to select (FFT chl) and press Select FFT chl again.
[Enter].

8. Press[Analysis| Select the Analysis menu.

Press<Limit Test>
Press <Limit Segments>

Use the knab to select (Show) and press [Enter].

Go to the Limit Testing menu.
Select Limit Segments.

Show the segments. The two segments defined
earlier are still available.

This concludes this example. Limit testing isa
powerful tool for repetitive tests. In an automated
test environment, limit segments are usually
downloaded from a host computer. The SR785
performs the limit testing in real-time and the
results are queried by the host computer.
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Exceedance Statistics

This example isintended to familiarize the user with calculating exceedance centile statistics (L,). Ly is
calculated from measurements stored in the waterfall buffer.

L, isthe amplitude at each bin which is exceeded by n% of the records in the waterfall. The SR785
simultaneously calculates L, at al frequenciesin the spectrum. L, is commonly used to characterize

environmental noise levels.

1. Press[System]
Press <Preset>

Press [Enter] to confirm Preset.

Display the System menu.
Preset returns the unit to its default settings.

Preset requires confirmation to prevent accidental
reset. Wait until the self tests are completed.

2. Connect the Source Output to the Channel 1 A
Input.

Setup to analyze the source output.

3. Press[Display Setup]

Press <Measure Group>

Select (Octave) with the knob and press [Enter].

Select the Display Setup menu.
Change the M easurement Group.

Choose the Octave group. Both displays are now
making Octave Analysis measurements.

4. Press[Source]

Press <On>

Press <Noise>

Press <Type>

Use the knob to select (Pink) and press [Enter].

Select the Source menu.

Turn the Source On

Choose Noise as the source type. Octave
measurements are generally used to measure noise.
Change the type of noise.

Choose Pink noise. Pink noise rolls off at -3dB per

octave. This maintains equal power per octave band
and yields a flat octave spectrum.
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5. Press[Average]

Press <Power Bin>

Use the knob to select (L) and press [Enter].

Press [Auto Scale A]

Select the Average menu. Note that thismenu is
changed in Octave group.

We will leave the averaging at its default, 100 ms
exponential time.

Change the Power Bin.

Choose L (Leg) asthe sound level bin. L isa
standard broad band sound measurement. The
result is displayed asthe last bin in the display and
islabeled ‘L.

Scale DisplayA to show the entire range of the data.

6. Press[Waterfall]
Press <Storage>
Use the knab to select (One Shot) and press
[Enter].

Press <Total Count>

Press[1] [O] [O] [Enter]

Press <Save Option>

Use the knob to select (Active Meas Only) and
press [Enter]

Select the Waterfall menu. L, is calculated from
measurements stored in the waterfall buffer.

Select waterfall Storage.

Choose One Shot to fill the waterfall buffer once
and stop.

Change the number of measurementsto store in the
waterfall buffer.

Enter the Total Count for both displays (100).

The Storage Interval is 100 ms. A measurement
snapshot is added to the waterfall buffer every
Storage Interval so 100 measurements will take 10 s
to complete.

The SR785 has two waterfall storage options for
saving measurements. (All) Meansthat all possible
measurements for the currently selected
measruement group will be stored in the waterfall
buffer. This option saves more measurements but
each trace takes more space in the waterfall buffer,
so fewer traces will be available.

(Active Meas Only) means that only the currently
selected measurement will be saved in the waterfall
buffer.

To calcul ate exceedence statistics, we must use the
Active Measurement Only save option.
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Press [Start/Reset]

Start the measurement. This resets the waterfall
buffer. New measurements are added to the
waterfall buffer every 100 ms. The number of
records stored in the waterfall is shown in the
Vertical Scale Bar and increments to 100.

Because the waterfall storage is One Shot, the
waterfall buffer fills once (100 records). No more
records are added after 10 seconds.

7. Press[Analysis]
Press <Exceedance Stats>

Press <Stop Index>

Press[9] [9] [Enter].

Press [Pause/Cont]

Press <Calculate Excd>, choose (Trace 1) with
the knob and press [Enter].

Select the Analysis menu.
Select the Exceedance Statistics menu.

The exceedance is calculated using the records in
the waterfall buffer starting with the Start Index (O
is the most recent record) and continuing through
the Stop Index (Total Count - 1).

Enter 99 to include records 0 through 99 (100
total).

Pause the measurement. Exceedance calculation
requires that the active display be paused. This
ensures that the waterfall buffer is static and no
new records will be added during the calculation.

The exceedance results are stored in a data trace.
The trace measurement is the same type as the
waterfall measurements. In this case, the trace data
for each bin is exceeded by only 1% (Exceedance
Pct) of the records stored in the waterfall buffer.

8. Press[Alt] [Link], choose (Trace 1) with the
knob and press [Enter].

Traceto Ref is an alternate function. The aternate
key functions are labeled below each key (in this
case, the [Link] key).

Traceto Ref copiesthe datain atrace to the
reference graph of the active display. The reference
graph is shown in half intensity.

In this case, the reference graph isthe level of each
octave bin which is exceeded only 1% of thetime

(La).

Note that the exceedance is also calculated for the
power bin (Leg).
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Press [Pause/Cont]

Continue the live measurement. Note that the live
measurement data rarely exceeds the reference

graph.

9. Press [Pause/Cont]
Press <Exceedance Pct>
Press[9] [9] [Enter].

Press <Calculate Excd>, choose (Trace 2) with
the knob and press [Enter].

Press[Alt] [Link], choose (Trace 2) with the
knob and press [Enter].

Pause the live measurement again.

Change the Exceedance Percentage.

Enter 99%. Thislevel is exceeded 99% of the time.
The exceedance results are stored in Trace 2.

Trace to Ref is an aternate function. The alternate
key functions are labeled below each key (in this
case, the [Link] key).

Traceto Ref copiesthe datain atrace to the
reference graph of the active display. The reference
graph is shown in half intensity.

In this case, the reference graph isthe level of each
octave bin which is exceeded 99% of the time (Lg).

This concludes this example. Exceedanceis a
common measurement for environmental noise
levels, such as airports or highways. Change the
octave integration time and waterfall storage
interval to optimize the measurement rate. Use a
larger waterfall buffer (up to 2000 measurements
per display) for long monitoring times.
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Measurement Groups

The SR785 is organized into six Measurement Groups - FFT, Correlation, Octave
Analysis, Order Analysis, Time/Histogram, and Swept Sine. Choose the M easurement
Group in the [Display Setup] menu.

The SR785 calculates all the measurements in a given group simultaneously, regardless
of which measurements are actually being displayed. When a measurement is paused, or
finished, you can view the results of all measurements in the group without having to
take new data.

The Measurement Group determines how the input datais processed. In FFT group, the
input data is gathered into time records which are then transformed into spectra. In
Correlation group, these spectra are transformed back into the time domain to yield auto
and cross correlations. In Time/Histogram group, the time records are processed to give a
statistical description of the input signal. In Octave group, the data is passed through a
parallel bank of filters and averaged. In Swept Sine group, the input datais processed to
determine the spectral content at a single frequency by integrating over an exact number
of source cycles. Finally, in the Order Analysis group the input data is processed together
with information from a tachometer to give spectra corresponding to the revolutions of a
rotating machine, rather than a fixed sampling frequency.

The data processing in each group is governed by the parameters chosen in the menus.
For some menus, the choice of the Measurement Group determines which parameters are
shown in the menu. The [Frequency], [Average] and [Source] menus have different sets
of parameters in each group. For other menus, part or all of the menu is unavailablein
certain groups. The [Window], [Capture] and [Waterfall] parameters do not apply to all
groups.

Each group has its own set of available measurements. Only the FFT and Order group
have time and frequency domain measurements. The Time Histogram and Correlation
groups have only time domain measurements, while the Octave and Swept Sine groups
have only frequency domain measurements. To select a measurement, choose the

M easurement Group, then the Measurement, View and Units.

Analyzer Configuration
Some measurements made by the SR785 are intrinsically two channel measurements, for
instance frequency response, or cross-correlation. Other measurements, such as
Autocorrelation or FFT1, only involve a single input channel. The SR785 has a uniquely
flexible architecture with regard to processing single and dual channel measurements
which is set by the [Input]<Analyzer Coniig> softkey. If two channel measurements are
required, this softkey should be set to the default Dual Channel setting. Thisisthe
traditional mode in which 2-channel analyzers are operated. All measurements, including
two channel measurements are allowed, however, many insturement parameters, such as
frequency span, and number of FFT lines must be the same for both channels. Obviously
it wouldn't make much sense to take a frequency response measurement where the input
and output had different frequency spans.
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If two-channel measurements aren't required however, the SR785 allows selection of the
Independent Channel configuration. In this mode, each display of the SR785 functions as
a completely separate single channel analyzer with an independent set of operating
parameters. For instance in the Independent Channel mode display A could be
configured to show a broadband measurement of channel 1 with linear averaging while
display B could show a narrowband detail of the same input with exponential averaging.
Therestriction, of course, isthat in Independent Channel mode, no two-channel
measurments can be computed.
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What is an FFT?

An FFT analyzer takes atime varying input signal, as you would see on an oscilloscope
trace, and computes its frequency spectrum. Fourier's basic theorem states that any
waveform in the time domain can be represented by the weighted sum of pure sine waves
of all frequencies. If the signal in the time domain is periodic, then its spectrumis
probably dominated by a single frequency component. The spectrum analyzer represents
the time domain signal by its component frequencies.

Why Look At A Signal's Spectrum?
For one thing, some measurements that are very hard in the time domain are very easy in
the frequency domain. Take harmonic distortion. It is hard to quantify the distortion by
looking at a good sine wave output from a function generator on an oscilloscope. When
the same signal is displayed on a spectrum analyzer, the harmonic frequencies and
amplitudes are displayed with amazing clarity. Another example is noise analysis.
Looking at an amplifier's output noise on an oscilloscope basically measures just the
total noise amplitude. On a spectrum analyzer, the noise as a function of frequency is
displayed. It may be that the amplifier has a problem only over certain frequency ranges.
In the time domain it would be very hard to tell.

Many of these types of measurements can be done using analog spectrum analyzers. In
simple terms, an analog filter is used to isolate frequencies of interest. The filtered signal
power is measured to determine the signal strength in certain frequency bands. By tuning
the filters and repeating the measurements, a reasonabl e spectrum can be obtai ned.

The FFT Analyzer
An FFT spectrum analyzer worksin an entirely different way. Theinput signal is
digitized at a high sampling rate. Nyquist's theorem says that as long as the sampling rate
is greater than twice the highest frequency component of the signal, then the sampled
datawill accurately represent the input signal (in the frequency domain). In the SR785,
sampling occurs at 262 kHz. To make sure that Nyquist's theorem is satisfied, the input
signal passes through an analog anti-aliasing filter that removes al frequency
components above 102.4 kHz. The resulting digital time record is then mathematically
transformed into a frequency spectrum using an algorithm known as the Fast Fourier
Transform or FFT. The resulting spectrum shows the frequency components of the input
signal.

Theoriginal digital time record comes from discrete samples taken at the sampling rate.
The corresponding FFT yields a spectrum with discrete frequency samples or bins. In
fact, the spectrum has half as many frequency bins as there are time points. (Remember
Nyquist's theorem.) Suppose that you take 1024 samples at 262 kHz. It takes 3.9 msto
take thistime record. The FFT of thisrecord yields 512 frequency points, but over what
frequency range? The highest frequency will be determined by the period of 2 time
samples or 131 kHz. The lowest frequency isjust the period of the entire record or
1/(3.9 ms) or 256 Hz. The output spectrum thus represents the frequency range from DC
to 131 kHz with 512 points spaced every 256 Hz.
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Advantages And Limitations
The advantage of thistechniqueisits speed. The entire spectrum takes only 3.9 msto
measure. The limitation of this measurement is its resolution. Because the time record is
only 3.9 mslong, the frequency resolution is only 256 Hz. Suppose the signal has a
frequency component at 380 Hz. The FFT spectrum will detect this signal but place part
of it in the 256 Hz bin and part in the 512 Hz bin. One way to measure this signal
accurately isto take atime record that is 1/380 Hz or 3.846 ms long with 1024 evenly
spaced samples. Then the signal would land all in one frequency bin. But this would
require changing the sampling rate based upon the signal (which you haven't measured
yet). Thisisnot apractical solution. Instead, the way to measure the signal accurately is
to lengthen the time record and change the span of the spectrum.

SR785 Dynamic Sgnal Analyzer



FFT Frequency Spans  2-9

FFT Frequency Spans

Full Span
Full span isthe widest frequency span corresponding to the fastest available sampling
rate. In the SR785, thisis DC to 131 kHz using a sampling rate of 262 kHz. Because the
signal passes through an anti-aliasing filter at the input, the entire frequency span is not
useable. Thefilter has aflat response from DC to 102.4 kHz and then rolls off steeply
from 102.4 kHz to 156 kHz. The range between 102.4 kHz and 131 kHz is therefore not
useable and the actual displayed frequency span stops at 102.4 kHz. Thereisalso a
frequency bin labeled 0 Hz (or DC). For atime record of 1024 samples (3.9 ms), thisbin
actually covers the range from 0 Hz to 128 Hz (the lowest measurable frequency) and
contains the signal components whose period is longer than the time record (not only
DC). So our final displayed spectrum contains 401 frequency bins. The first covers0 -
128 Hz, the second 128 - 384 Hz, and the 401st covers 102.272 - 102.528 kHz.

Spans Less Than Full Span
The duration of the time record determines the resolution of the spectrum. What happens
if we want aresolution better than 256 Hz? We need to increase the duration of the time
record. There are two waysto do this - take more points in each time record or lower the
sampling rate. Taking more pointsis difficult since both the memory and processing
reguirements increase with the number of points. The longest time record the SR785 can
process is 2048 points (800 point FFT).

Instead, we take the approach of lowering the sample rate and making the same number
of samples cover alonger time. If we halve the sample rate, this doubles the time record
duration and gives us better resolution. However, the sample rate also determines the
frequency span. By halving the sample rate, we a so halve the frequency span. At a
constant number of pointsin the FFT, we must tradeoff better resolution with narrower
frequency spans.

Changing the sample rate of the A-D converter is not practical since that requires
changing the analog anti-aliasing filter cutoff frequency. Instead, the incoming data
samples (at 262 kHz) are digitally filtered and down-sampled. The advantage is that the
digital filter's cutoff frequency can be easily changed. For example, to decrease the
sampling rate from 262 kHz to 131 kHz, the incoming data is low-pass filtered to remove
any signals above 51.2 kHz. Thisfilter rolls off steeply from 51.2 kHz to 65.6 kHz. Since
output of thisfilter only contains frequencies up to 65.6 kHz, Nyquist only requires a
sample rate of 131 kHz and only every other point is kept as part of the time record. The
result is atime record of 1024 points sampled at 131 kHz to make up an 7.8 ms record.
The FFT processor operates on a constant number of points and the resulting FFT will
yield 400 bins from DC to 51.2 kHz. The resolution or linewidth is 128 Hz (1/7.8 ms).

This process of halving the sample rate and span can be repeated by using multiple
stages of digital filtering. The SR785 can process a 400 bin spectra with a span of only
195.3 mHz and atime record of 2048 secondsif you have the patience. However, this
filtering process only yields baseband measurements (frequency spans which start at
DC).
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Baseband Spans
Some points to remember are:

1. TheFFT resolution (number of frequency binsin the spectrum) determines the
number of points required in the time record.

2. Theduration of the time record determines the frequency resolution of the spectrum
(spacing of frequency binsin the spectrum).

3. The sampling rate determines the frequency span of the spectrum (Nyquist's
theorem). The sampling rate is the number of pointsin the time record divided by the
duration of the time record.

The SR785 allows FFT resolutions of 100, 200, 400 or 800 bins (not counting DC).
Changing the resolution does not change the span, instead the time record length is
changed.

The various FFT resolutions are summarized below.

FFT Frequency

Resolution  Resolution Time Record
100 bins Span/100 100/Span
200 bins Span/200 200/Span
400 bins Span/400 400/Span
800 bins Span/800 800/Span

Starting the Span Above DC
Using digital filtering alone requires that every span start at DC. Frequency shifting is
accomplished by heterodyning. Heterodyning is the process of multiplying the incoming
signal by a sine (and cosine) wave. The resulting spectrum is shifted by the heterodyne
frequency. If we incorporate heterodyning with our digital filtering, we can shift any
frequency span so that it startsat DC. The resulting FFT yields a spectrum offset by the
heterodyne frequency. When this spectrum is displayed, the frequencies of the X axis are
the original frequencies of the signal.

Heterodyning allows the analyzer to compute zoomed spectra (spans that start at
frequencies other than DC). The digital processor must filter and heterodyne the input in
real time to provide the appropriate filtered and down-sampled time record at all spans
and center frequencies.
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FFT Time Record

The FFT operates on time records. A time record is simply a sequence of data samples.
The duration of the time record isthe FFT resolution/span. There are two types of time
records, those corresponding to baseband spans (starting at DC) and those corresponding
to zoomed spans (not starting at DC). Zoomed time records are heterodyned (frequency
shifted) and do NOT contain the input signal at its original frequencies.

Baseband Time Records
Baseband time records are very simple to understand. They represent the input signal
passed through low-pass filters. At full span, the signal has passed through the analog
anti-aliasing filter. The sample rate is 262 kHz. To get the time records for narrower
spans, the datais digitally filtered and down-sampled. At a given FFT resolution, each
time the span is halved, the bandwidth of the time record is halved and the sampling rate
is halved. The length of the time record (in seconds) doubles.

Heterodyned Time Records
Zoomed time records are more complicated. Heterodyning is a complex operation. The
input points are multiplied by cos(wt) and sin(ut) to yield areal and an imaginary part. w
is 2mrtimes the span center frequency. The real and imaginary parts of each point are
orthogonal. Y ou can think of the complex time record as two separate records, one real
and one imaginary.

The input signal is frequency shifted or heterodyned. This moves signals at the span
center to DC and frequencies below span center to negative frequencies. If the span
center isat 51.2 kHz, the input range from 0 to 102.4 kHz is shifted to -51.2 kHz to
+51.2 kHz. This datais then passed through alow-pass filter which cuts off at £51.2
kHz. Thisresultsin a+51.2 kHz (102.4 kHz) useable span centered at 51.2 kHz. The
output data only requires a sampling rate of 131 kHz (instead of the original 262 kHz real
input rate) so only every other point is saved. Thus, the original 102.4 kHz spanis
represented by atime record with half as many points and half the sampling rate and the
same duration. How can this be?

The complex time record has half as many points as the baseband (real) time record with
the same span and resolution. This is because the negative frequency part of the spectrum
is kept in the heterodyned case. Y ou can think of the real and imaginary parts of the
complex time record as completely independent data streams, each at half of the original
sample rate and each with half of the original span. Together, they represent the original
span with the original number of samples and the original time record length.

Digital filtering and down-sampling is used to narrow the span of the heterodyned data.
This‘zooms' in around the heterodyne frequency (span center). The first digital filter
reduces the sample rate by 2 (to 131 kHz) but does not reduce the span.

The second digital filter cuts off at £25.6 kHz and reduces the sample rate by 2 again.
The number of pointsin the time record is NOT halved again (this only happens at the
first filter due to the splitting of the real time record into two parts, real and imaginary).
The new time record must have twice the original duration and thus, half of the original
span. Thisresultsin a51.2 kHz (£25.6 kHz) span centered at 51.2 kHz. The time record
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duration is twice the full span time record. The sample rateis 1/4 of the full span
baseband sample rate. In comparison, the baseband 0-51.2 kHz span has a sample rate
1/2 of the full span baseband sample rate. Thisis because the baseband time record is all
real and the zoomed time record is complex.

Further filtering and down-sampling reduces the span even further. At each span, the
zoomed time record is complex and has half as many points (half the sample rate) as the
corresponding real baseband time record.

The Time Record Display
The baseband time record display resembles adigital oscilloscope display. Signals at
frequencies above the span have been filtered out. The anti-aliasing filters (both analog
and digital) have a steep but finite roll-off at their cutoff frequencies. Signals which are
just above the cutoff frequency are outside of the FFT span (not in the displayed
spectrum) but appear attenuated in the time record.

Baseband time records are entirely real, they have no imaginary part.

The zoomed time record display does not resemble the original data. The data has been
frequency shifted. Signals at the center of the span appear at DC while frequencies at
both edges of the span appear as high frequencies. The anti-aliasing filters have a steep
but finite roll-off at their cutoff frequencies. Signals which are just outside of the span
are not displayed in the FFT but appear frequency shifted and attenuated in the time
record.

Zoomed time records are complex, they have both areal and an imaginary part. You can
display the magnitude and phase as well asthe real or imaginary part. The sampling rate
isaways half of the equivalent baseband span.

Why Use The Time Record?
The time record display can be useful in determining whether the time record is triggered
properly. If the analyzer istriggered and the signal has alarge component synchronous
with the trigger, then the signal should appear stationary in the time record. If the signal
triggers randomly, then the time display will jitter back and forth.

Remember, the time record has aresolution of 1/(samplerate). A triggered time record
will always jitter by 1 sample. Thisjitter is removed in the computation of the phase of
the spectrum relative to the trigger.

Watch Out For Windowing!
The SR785 can display both the time record and the windowed time record. Most
window functions taper off to zero at the start and end of the time record. If atransient
signal occurs at the start of the time record, the corresponding windowed time record and
FFT may not show anything because the window function reduces the transient to zero.
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FFT Windowing

A signal which is not exactly periodic within the time record does not fall on an exact
frequency bin of the FFT spectrum (integer multiple of the FFT frequency resolution). Its
energy is split across multiple adjacent frequency bins. Thisistrue but it's actually worse
than that. An FFT spectrum models the time domain asif atime record repeated itself
forever. This means the end of the time record is followed by the start of the time record
in acircular fashion. If the datais not continuous across the stop to start boundary, the
FFT will actually compute the spectrum of the discontinuity and ‘leak’ energy into all
frequencies in the spectrum.

Windows are functions defined over atime record which are periodic in acircular time
record. They generally start and end smoothly at zero and are smooth functionsin
between. When the time record is windowed, its data samples are multiplied by the
window function, time point by time point, and the resulting windowed time record is
definitely periodic in the circular sense. Windowing eliminates the leakage in the
spectrum from signals not exactly periodic with the time record.

In The Frequency Domain
In the frequency domain, awindow acts like afilter. The amplitude of each frequency
bin is determined by centering this filter on each bin and measuring how much of the
signal fallswithin the filter.

If thefilter is narrow, then only frequencies near the exact bin frequency will contribute
to the bin. A narrow filter is called a selective window - it selects asmall range of
frequencies around each bin. However, since the filter is narrow, frequencies dightly off
bin are attenuated and phase shifted. Selective windows are useful for resolving adjacent
peaks or improving signal to noise. They should not be used for accurate amplitude
measurements (except for signals at exact bin frequencies).

If the filter is wide, then frequencies farther from each exact bin will contribute to the bin
amplitude making the signal peaks very wide. However, off bin frequencies are not
attenuated. These windows should be used for accurate amplitude measurements rather
than good frequency resolution.

Windowing allows the FFT to accurately measure signals at frequencies which are not
exact frequency bins. The different types of windows trade off selectivity, amplitude
accuracy, and noise floor.

The SR785 offers many types of window functions - Uniform (no windowing), Flattop,
Hanning, Blackman-Harris (BMH), Kaiser, Force-Exponential, and User Defined
windows.

Uniform
The Uniform window is actually no window at all. The entire time record is used with
equal weighting. A signal will appear in a single frequency bin in the spectrumif its
frequency is exactly equal to afrequency bin. (It is exactly periodic within the time
record). If itsfrequency is between bins, it will leak into every bin of the spectrum.
These two cases also have a great deal of amplitude variation between them (up to 4 dB).
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In general, thiswindow is only useful when looking at transients which do not last the
entire time record. The Uniform window may also be used with signals which are exactly
periodic in the time record such as a chirp or exact bin sine frequencies.

In the Order Analysis measurement group the uniform window can be used in situations
where most of the harmonics of interest will be at integer multiples of the shaft rotation
speed. In this case, these harmonics will fall on exact bin frequencies and will be most
accurately reproduced with the uniform windows.

Hanning
The Hanning window is a commonly used window. However, it has an amplitude
variation of about 1.5 dB for signals which are not at exact bin frequencies and provides
only reasonable selectivity. Its side-lobes are very high and broad for off-bin frequencies.
Asaresult, the Hanning window can limit the performance of the analyzer when looking
at signals close together in frequency and very different in amplitude.

The Hanning window is most often used in noise measurements since it has the lowest
noise floor.

The Hanning window function is

w; =10 —COS%T[Lg fori =0..N-1and N = number of time record points.
N

Flattop
The Flattop window has the best amplitude accuracy of any window. The amplitude
variation is only about 0.02 dB for signals between exact frequency bins. However, the
selectivity isworse. Unlike the other windows, the Flattop window has a very wide pass
band and very steep rolloff on either side. Thus, signals appear wide but do not leak
across the whole spectrum.

The Flattop window is the best window to use for accurate amplitude measurements.

The Flattop window function is

L i in i i
w; =10-193Gos2mt . H+129 605 T H-0388c0s B nﬁ% 0.028 [Gos B nﬁﬁ
fori =0..N-1and N = number of time record points.

BMH
The BMH window combines good selectivity and reasonable accuracy (about 0.8 dB for
signals between exact frequency bins). The BMH window has much lower side-lobes
than the Hanning window and very little broadening of non-bin frequencies.

The BMH window is a good window to use for measurements requiring alarge dynamic
range.

The BMH window functionis
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Kaiser

w; =10-136109 Etos@niﬁ§+ 039381 m:os%l n'ﬁg— 0.032557 mos% nl'\l—g

fori =0..N-1and N = number of time record points.

The Kaiser window combines excellent selectivity and reasonable accuracy (about

0.8 dB for signals between exact frequency bins). The Kaiser window has the lowest
side-lobes and least broadening for non-bin frequencies. This makes this window the best
for selectivity.

The Kaiser window is the best window to use for measurements requiring a large
dynamic range.

fori=0..N-1and N = number of time record points.

a = 0.1R/m, R =120.0 and 10 is the modified Bessel function of the first kind.

Force-Exponential

Many impact measurements require a Force window for excitation channel and an
Exponential window for the response channel. With the SR785, thisis accomplished by
selecting the Force/Exponential Window. The Force/Exponential window is actually two
windows, either of which can be applied to either input channel.

The Force window is uniform over the beginning of the time record and sets the
remainder of the time record to its average value. This method minimizes sepectral
artifacts caused by zeroing the remainder of the time record. The force length is user
specified. Thiswindow is used to isolate impulsive signals, such asimpact excitations,
from noise and other oscillations later in the time record.

The Exponential window attenuates the time record with a decaying exponential time
constant. Thiswindow is often used in impact testing on the response channel to remove
oscillations which last longer than the time record.

When the Force-Exponential window is selected and the analyzer isin the Dual Channel
configuration the choice of which window is applied to which input channel is made by
the <Channel 1 Window> and <Channel 2 Window> softkeys.When the analyzer isin
the Independent Channels configuration, these softkeys govern which window is applied
to the measurement in the two displays.

User Defined

The User window is any function that the user provides. The User window is copied
from a stored trace using <Trace to Window>. The trace may contain display data or be
loaded from disk or viathe computer interface.
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Remember, window functions have a great deal of impact on the resulting FFT spectrum.
A poorly designed window can result in significant measurement errors.
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FFT Measurements

Definitions
In the measurement definitions which follow, the following conventions are used. Angle
brackets <>, imply that the real and imaginary parts of the quantity within the brackets
are averaged with either linear or exponential weighting over some number of time
records. MAX() implies that the complex quantity inside the parentheses is replaced by
the maximum magnitude which that complex value takes over some number of time
records. The asterisk (*) is used to denote the conjugate of a complex quantity.

FFT Spectrum
The FFT spectrum is the basic measurement of an FFT analyzer. It issimply the FFT of a
time record. The FFT spectrum is a complex quantity (it contains phase as well as
amplitude information). Thisis sometimes referred to as the linear spectrum.

The phase of the spectrum is meaningful only if the time record istriggered with afixed
relationship to the input signal. If the signal is repetitive as well (the signal and trigger
repeat), then vector averaging can be used to reduce the noise level of the spectrum. The
vector averaged spectrum is still acomplex quantity.

The precise definition of the FFT1 measurement for all averaging modesis asfollows:

No Average
FFT 1= FFT1

Vector Average
FFT 1=<FFT1>

RMS Average
FFT 1=V <FFT1*e FFT1>

Peak Hold Average
FFT 1=v MAX(FFT1*e FFT1)

Power Spectrum
The Power Spectrum is derived from the FFT spectrum by multiplying the spectrum by
its complex conjugate. The averaged power spectrum is a good approximation to the rms
signal and noise amplitudes. The power spectrumisarea quantity and contains no phase
information.

The precise definition of the Power Spectrum measurement for all averaging modesis as
follows:

No Average
Power Spectrum = FFT1*e FFT1

Vector Average
Power Spectrum = <FFT1>*e <FFT1>
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RMS Average
Power Spectrum = <FFT1*e FFT1>

Peak Hold Average
Power Spectrum = MAX(FFT1) « MAX(FFT1)

Time Record
A timerecord is simply a sequence of data samples. The duration of the time record is
equal to V/FFT resolution.

For baseband spans (spans which start at DC), the time record resembles a digital
oscilloscope display. Signals at frequencies above the span have been filtered out.
Baseband time records are entirely real, they have no imaginary part.

For zoomed spans (spans which start above DC), the time record display does NOT
resemble the original data. The data has been frequency shifted. Signals at the center of
the span appear at DC while frequencies at both edges of the span appear as high
frequencies. Zoomed time records are complex, they have both areal and an imaginary
part. The sampling rate is always half of the equivalent baseband span.

Some points to remember,

1. Thetimerecord isnot a continuous representation of the input signal. The dataiis
sampled and has atime resolution of 1/(sample rate). High frequency signals will
appear distorted in the time record. However, ALL of the spectral information is
preserved by the Nyquist sampling theorem as long as the value of each sampleis
accurate.

2. Averaging does not affect the time record. Averaging is performed on the FFT
spectrum and not on the time data.

3. Amplitude calibration is performed in the frequency domain. Hence, the time record
amplitudes are not calibrated.

4. A triggered time record will alwaysjitter by 1 sample. Thisjitter isremoved in the
computation of the phase of the spectrum relative to the trigger.

Averaged and calibrated time records can be obtained using a User Math function (using
inverse FFT).

Windowed Time Record
The FFT operates on windowed time records. The window function is applied to the time
record immediately before the FFT. Most window functions taper off to zero at the start
and end of the time record. If atransient signal occurs at the start of the time record, the
corresponding windowed time record and FFT may not show anything because the
window function reduces the transient to zero.
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Orbit

The Orbit measurement is atwo channel measurement whose real part isthe real part of
Time Record Chl and whose imaginary part isthe rea part of Time Record Ch2. Orbit is
normally displayed with the Nyquist View (Time2 vertical vs Timel horizontal).

For baseband spans, the time records are entirely real and the Nyquist view of the Orbit
measurement is a Lissgjous figure.

Cross Spectrum

The cross spectrum (sometimes called cross power spectrum) is atwo channel
measurement defined as

No Average
Cross Spectrum = FFT1* « FFT2

Vector Average
Cross Spectrum = <FFT1*> « <FFT2>

RMS Average
Cross Spectrum = <FFT1* « FFT2>

Peak Hold Average
Cross Spectrum = MAX(FFT2)* « v <FFT1*e FFT1>

In these definitions the brackets <> represent averaging the real and imaginary part of the
enclosed quantity either linearly or exponentially as described below. The cross spectrum
contains both magnitude and phase information. The phase is the relative phase (at each
frequency) between the two channels. Vector averaging can be used to eliminate signals
which do not have a constant phase relationship between the two channels. In this case,
triggering may not be required for vector averaging.

The magnitude is simply the product of the magnitudes of each spectrum. Frequencies
where signals are present in both spectrawill have large components in the cross
spectrum.

Frequency response

The frequency response (sometimes called transfer function) is atwo channel
measurement which ratios the spectrum of Ch 2 to the spectrum of Ch 1. Frequency
response measures the response of a network or device under test . The reference channel
(1) measures the signal at the input to the device and the response channel (2) measures
the device output. The result isthe complex frequency response of the device.

A broadband source (such as chirp or noise) should be used to measure frequency
response.

The definition of frequency response depends on the type of averaging whichis
displayed.

No Average
Freg. Response = FFT2/ FFT1

SR785 Dynamic Sgnal Analyzer



2-20 FFT Measurements

Vector Average
Freq. Response = <FFT2>/ <FFT1>

RMS Average
Freqg. Response = (RM SAvg cross spectrum)/power spectrum 1

Freg. Response = <FFT1* « FFT2>/<FFT1* « FFT1>

Peak Hold Average
Freg. Response = MAX(FFT2)/V <FFT1*e FFT1>

Both the RM S averaged and Vector averaged frequency response contain both magnitude
and phase information. The phase is the relative phase (at each frequency) between the
two channels. The RM S averaged frequency response is computed by taking the ration of
the cross spectrum to the input power spectrum, atechnique called the tri-spectral
average.

Coherence
The coherence function is atwo channel measurement defined as

Coherence = Mag?( RMSAvg CrossSpec ) / ( Pwrl e Pwr2)

Averaging is aways On and the Averaging Modes are defined by the measurement
above. The Type and Number Of Averages are still selected in the [Average] menu. Both
channels use the window selected in the [Window] menu.

Coherence is a unitlessreal quantity and varies from 1.0 (perfect coherence) to 0.0 (no
coherence). Coherence measures the percentage of power in the response channel (2)
which is caused by (phase coherent with) power in the reference or input channel (1).
Ideally, a coherence of 1.0 means that the corresponding frequency responseis
completely legitimate. All of the response power came from power at the input. If there
is noise or other signals generated from within the device under test (which is not related
to theinput signal), it will result in a coherence of less than 1.0.

Capture Buffer
The capture buffer stores sequentia time domain input datain memory. See ‘ Capture’
later in this section for more details. The Capture measurement displays the contents of
the capture buffer. The FFT and Octave M easurement Groups can use this stored data as
input data by choosing Playback as the Input Source in the [Input] menu.

The capture buffer is often very long. To graphically expand aregion of the display, use
the Pan and Zoom functions in the [Display Setup] menu. The capture buffer display can
automatically pan with the capture fill or playback progress through the buffer. During
capturefill, if the capture buffer accumulates points faster than they be displayed, some
points are not shown. This speeds up the display update so that it keeps up with the real
time capture but allows visual aliasing to occur. Once capture is complete, the display is
redrawn showing the envelope of all points, eliminating any visual aliasing effects.
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To measure from aregion of the buffer, set the Playback Start and Length in the [Input]
menu. During playback, a marker at the bottom of the graph indicates the current time
record position within the buffer.

The capture datais filtered and down-sampled according to the capture Sample Rate.
Only baseband data (bandwidth starts at DC) are captured. The capture buffer resembles
adigital oscilloscope display. Signals at frequencies above the sample rate/2.56 have
been filtered out.

The capture buffer is not a continuous representation of theinput signal. The datais
sampled and has atime resolution of 1/(sample rate). High frequency signals will appear
distorted in the time record. However, ALL of the spectral information (up to the
sampling rate/2.56) is preserved by the Nyquist theorem as long as the value of each
sampleis accurate.

Amplitude calibration is performed in the frequency domain. Hence, the captured time
data amplitudes are not calibrated.

User Function
User Function displays the results of a user defined math function. User Functions
defined within the FFT Measurement Group may include FFT measurements. Use the
[User Math] menu to define a math function.

A User Function may not be selected as the measurement if it usesa Trace whichis
empty or which contains data taken in a different Measurement Group.

See ‘User Math' later in this section for more.
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Views

Each measurement has an associated view. A view isaway of looking at the complex
measurement data.

Log Magnitude
Log magnitude view graphs the log of the magnitude of the measurement data. The
magnitude is V(x* + y?) where x isthereal part andy isthe imaginary part. The
appearance of adisplay showing the Log Magnitude view depends on the setting of the
<dB Units> softkey. If <dB Units> are on, the graph is shown plotted witha'Y axis
scaled linearly in dBs. If <dB Units> are off, the Y axisis shown scaled logarithmically
in the units of the measurement.

Linear Magnitude
Linear magnitude view graphs the magnitude of the measurement data. The magnitudeis
V(x* + y?) where x isthereal part andy isthe imaginary part. The Y axis of the display is
linear in scaling.

Magnitud e’
Magnitude” view graphs the magnitude squared of the measurement data. The magnitude
squared is (x* + y?) where x isthe real part and y istheimaginary part. The Y axis of the
display islinear in scaling.

Real Part
Real Part view graphs the real part of the measurement data. The'Y axis of the display is
linear in scaling.

Imaginary Part
Imag Part view graphs the imaginary part of the measurement data. The Y axis of the
display islinear in scaling.

Real measurement data, such as baseband time record, have zero imaginary part. This
view is zero for all points.

Imaginary data arises from the multiplication of the input time data by sine and cosine
(heterodyne). Signals in phase with cosine result in real data, signalsin phase with sine
result in imaginary data. The real and imaginary parts represent data 90 degrees out of
phase.

Phase
Phase view graphs the phase of the measurement data. The phase is a four-quadrant
guantity defined as 8 = arctan(y/x) wherey isthe imaginary part and x isthe real part
andy is positive. If y is negative, the phase is negated. Phase is graphed linearly from -
180 (-1) to +180 (1) degrees (radians). To show unwrapped phase, choose the
Unwrapped Phase view.

Real measurement data, such as baseband time record, have zero imaginary part. The
phaseis zero for all points.
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Single channel phase is relative to the center of the time record for Uniform, BMH,
Hanning, Flattop and Kaiser windows. For Force and Exponential windows, phaseis
relative to the start of the time record. For User windows, the Window Form is user
specified. In general, single channel phase is useful only when the time record is
triggered in phase with the signal.

For two channel measurements, the phase is relative between channel 2 and channel 1.
Triggering is not always required for meaningful two channel phase measurements.

Phase Suppress sets the phase of small data values to zero. This avoids the messy phase
display associated with the noise floor. (Remember, even asmall signal has phase.) Set
the Phase Suppress threshold in the [ Display Options] menu.

Watch Out For Triggered Sources

If atriggered sourceis selected (Chirp, Burst Chirp, Burst Noise or Arbitrary), the
triggered measurement phase is stable only if the input signals are derived from the
source output. Turn the source off (or set it to Sine) when making triggered
measurements without the source.

Watch Out For Phase Errors

The FFT can be thought of as a set of bandpass filters, each centered on a frequency bin.
The signal within each filter shows up as the amplitude of each bin. If asignal’s
frequency is between exact FFT frequency bins, the filters cause phase errors. Because
these filters are very steep and selective, they introduce very large phase shifts for
signals not exactly on afrequency bin. Use the SR785 source to generate exact bin
frequencies whenever possible.

Unwrapped Phase
Unwrapped Phase view graphs the phase of the measurement data as a continuous
function without ‘wrapping’ around at +180 degrees. Thisview is generally meaningful
only for measurements which have data at every frequency point (such as chirp source or
swept sine).

The phase 0 is calculated for each point as in the ‘wrapped’ Phase view. The wrapping
starts at the left edge of the display. The value of 8 + (n x 360 deg.) which is closest to
the phase of the previous bin is assigned to each bin (n is an integer).

Single channel phase is relative to the center of the time record for Uniform, BMH,
Hanning, Flattop and Kaiser windows. For Force and Exponential windows, phaseis
relative to the start of the time record. In general, single channel phase is useful only
when the time record is triggered in phase with the signal.

For two channel measurements, the phase is relative between channel 2 and channel 1.
Triggering is not always required for meaningful two channel phase measurements.

Phase Suppress sets the phase of small data values to zero. This avoids the messy phase
display associated with the noise floor. (Remember, even asmall signal has phase.) Set
the Phase Suppress threshold in the [Display Options] menu.
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Nyquist Plot
The Nyquist Plot graphs complex measurement data as imaginary part (along the Y axis)
versusreal part (along the X axis). The graph is scaled linearly. Adjacent frequency
(time) points are connected by aline. Thisview is generally meaningful only for
measurements which have data at every frequency point (such as chirp source or swept
sine).

The Marker Position Bar shows the real and imaginary parts of each point aswell asits
frequency (or time). The marker moves sequentially through the frequency (time) points
and can be linked to the frequency of the other display.

Real measurement data, such as baseband time record, have zero imaginary part. This
view isentirely along the X axis.

Nichols Plot
The Nichols Plot graphs complex measurement data as log magnitude (along the Y axis)
versus unwrapped phase (along the X axis). The Y axisislogarithmic and the X axisis
linear. Adjacent frequency (time) points are connected by aline. Thisview is generally
meaningful only for measurements which have data at every frequency point (such as
chirp source or swept sine).

The marker readout shows the log magnitude and phase of each point aswell asits
frequency or time. The marker moves sequentially through the frequency (time) points
and can be linked to the frequency of the other display.

Real measurement data, such as baseband time record, have zero phase. Thisview is
entirely along the Y axis.
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FFT Averaging

Averaging successive measurements together improves accuracy and repeatability. For
measurements computed from multiple spectra, averaging is performed on measurement
results or individual spectra depending upon the measurement definition. Time records
are not averaged.

Just as the SR785 computes all measurements in a given measurement group
simultaneously, all averaging variants of any measurement are also computed
simultaneously. For instance if afrequency response measurement is paused or finished,
you can look at the rms averaged, vector averaged, peak hold averaged, or instantaneous
(not averaged) frequency response by adjusting the <Display Avg> softkey, there's no
need to acquire new datato look at a different averaging type.

Y ou can control whether the SR785 cal culates averaged quantities for measurements
with the <Compute Avgs> Softkey. If <Compute Avgs> isset to "Yes," the SR785 will
compute averages for all measurements. If <Compute Avgs> is"No" the SR785 will not
compute any averages and all quantities diplayed will be instantaneous values.

RMS Averaging
RMS averaging involves averaging the result of multiplying a complex quantity by the
complex conjugate of another complex quantity. For instance the RMS averaged FFT is
defined as:

RMSAvg( FFT1) = V(<FFT1* « FFT1>)

The precise definition of what "RM S Averaging” means for each measurement is given
in the description of each measurement. Baiscally, since RM S averaging always involves
averaging the "square" of a quantity, RM S averaging reduces fluctuations in the data but
does not reduce the actual noise floor (squared values never cancel). With a sufficient
number of averages, a very good approximation of the actual noise can be obtained.

Note that the definition given above always yields area quantity whose phaseis
zero.Thisis not true for all RM S averaged quantities computed by the SR785 however.
Both the rms averaged frequency response and the rms averaged cross spectrum are
complex quantities whose phase is not necessarily zero.

Vector Averaging
V ector averaging computes the average of the real part (X) and imaginary part (Y) of a
measurement according to

VecAvg (X,Y) = (<X> <Y>)

ie. the Vector average of acomplex quantity is the complex quantity formed by the
average of itsreal and imaginary parts independantly

Linear averaging computes the equally weighted mean of X and Y over N measurements.
Exponentia averaging weights new data more than old data and yields a continuous
moving average.
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Since signed values are combined in the mean, random signals tend to average to zero.
This reduces the noise floor since random signals are not phase coherent from
measurement to measurement. Only signals with a constant phase have real and
imaginary parts which repeat from time record to time record and are preserved. Vector
averaging can substantially improve the dynamic range of a measurement as long as the
signals of interest have stable phases.

For single channel measurements, vector averaging requires atrigger. The signal of
interest MUST be phase synchronous with the trigger to have a stable phase.

For atwo channel measurement, the phase is relative between Channel 2 and Channel 1.
Aslong asthe signals of interest have stable relative phases, triggering is not required for
vector averaging. Triggering is still required to isolate time records which contain the
signals of interest.

Peak Hold Averaging
Peak Hold averaging is similar to rms averaging, in that the rms values of quantities are
calculated, but instead of combinging the rms values, rather the magnitude of the new
datais compared to the magnitude of the averaged data, and if the new magnitude is
larger, then the new data becomes the averaged data. This is done on a frequency bin by
bin basis. The result is averaged data with the largest magnitudes which occurred over a
number of measurements. Peak Hold can compare a fixed number of measurements or
run continuously.

Linear Weighting
Linear weighting combines N (Number Of Averages) measurements with equal
weighting in either RMS or Vector averaging.

While Linear averaging isin progress, the number of averages completed is shown in the
Horizontal Scale Bar below the graph. When the Number Of Averages has been
completed, the measurement stops and ‘Done’ is displayed to the left of the graph.

Waterfall Storage

If Waterfall Storage is on, the waterfall buffer only stores the completed linear averages,
not each individual measurement. Each time the linear average is done, theresult is
stored in the waterfall buffer and the average is reset and started over (instead of
stopping). Each completed average counts as a single waterfall record.

Exponential Weighting
Exponentia weighting weights new data more than old data. For RMS and V ector
averaging, weighting takes place according to

Averagey = (New Datae« 1/N) + (Averagey.1) * (N-1)/N
where N is the number of averages.
While Exponential averaging isin progress, the number of averages completed is shown

in the Horizontal Scale Bar below the graph. The displayed number stops incrementing at
the Number of Averages while the averaging continues.
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Exponential weighting reaches a steady state after approximately 5N measurements.
Oncein steady state, further changesin the average are detected only if they last for a
sufficient number of measurements. Make sure that the number of averagesis not so
large as to eliminate changes in the data which might be important.
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Real Time Bandwidth and Overlap

What is Real Time Bandwidth?
The Real Time Bandwidth isthe largest frequency span whose corresponding time
record exceeds the time it takes to compute the FFT measurement. At this span and
narrower spans, it is possible to compute the measurement for every time record without
skipping any input data. The spectra are computed in "real time".

At spans larger than the real time bandwidth, the measurement computations take longer
than atime record. The analyzer can not keep up and some input data must be ignored.
Datais lost between time records while the computations are in progress.

For FFT Resolutions greater than 100 lines, the SR785 can usually compute the
measurements in both displaysin less than atime record for all spans. Thisincludes the
real time digital filtering and heterodyning, the FFT processing, and averaging
calculations. The real time bandwidth in this caseis 102.4 kHz. Every input sample
contributes to a time record and a measurement.

Averaging Speed
Real time bandwidth has a direct affect on measurement times when Averaging is On.
Consider the averaging of full span (102.4 kHz) 400 line FFT’s. If the real time
bandwidth is only 10 kHz (as in many analyzers), it takes 40 ms to compute the
measurement for a4 mstime record. This means 9 out of every 10 time records are
ignored and only 25 full span measurements can be computed in a second. When
averaging is on, thisusually dropsto 10 measurements per second. At thisrate it's going
to take a couple of minutes to do 500 averages.

The SR785, on the other hand, can make real time measurements at full span (102.4
kHz). Thisresultsin 256 measurements per second (on each display!). In fact, thisis so
fast, that the display can not be updated for each new measurement. The display only
updates about 8 times a second. However, when Averaging is On, al of the
measurements contribute to the average. The time to complete 500 averagesis only afew
seconds. (Instead of afew minutes!)

Overlap Processing
What about narrow spans where the time record is long compared to the processing time?
The analyzer computes one measurement per time record and waits and does nothing
until the next time record is complete. The update rate is one measurement per time
record. With narrow spans, thisis quite slow.

With overlap processing, the analyzer does not wait for the next complete time record
before computing the next measurement. Instead, it uses data from the previoustime
record as well as data from the current time record to compute the next measurement.
This speeds up the update rate. Remember, most window functions are zero at the start
and end of the time record. Thus, the points at the ends of the time record do not
contribute much to the FFT. With overlap, these points are "re-used" and appear as
middle points in other time records. Thisiswhy overlap effectively speeds up averaging
and smoothes out window variations.
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Typicaly, time records with 50% overlap provide almost as much noise reduction as
non-overlapping time records when RM S averaging is used. When RM S averaging
narrow spans, this can reduce the measurement time by 2.

Time Record Increment
The Time Record Increment is how far the start of each time record is advanced between
measurements (as a percentage of the time record length).

If the increment is 100%, the start of the next time record is exactly one time record
advanced from the start of the previous time record (no overlap).

If the increment is 25%, then the next time record starts 1/4 of atime record advanced
from the start of the previous time record. Thisis referred to as 75% overlap since the
two time records share 75% of arecord. The overlap is simply 100% minus the Time
Record Increment.

When the Time Record Increment is less than or equal to 100%, the measurement is redl
time. All time points contribute to one (or more) measurements.

If the increment is 200%, the start of the next time record is advanced from the start of
the previous time record by 2 time records leaving a gap of 1 record. This means that the
data between the two time records is not measured.

When the Time Record Increment is greater than 100%, then the measurement is not real
time and some time points do not contribute to a measurement.

The actual time record increment for the measurements in progressis displayed in the
Real Timeindicator in the status area (below the Input Ranges). If the indicator shows a
value greater than the requested Time Record Increment, it means that the measurement
cannot be made with the requested increment but is running with the smallest increment
possible. Factors which affect the processor’ s ahility to run real time include the
measurement type, averaging and source type.

Settling
When the frequency span or input signal path (gain, filtering, etc.) is changed, a settling
timeis required before the FFT measurement is considered settled or valid. The
measurement is not settled until the discontinuity in the input data has propagated
through the digital filters and a complete new time record has been acquired.

If the time record increment is 100%, unsettled measurements are not displayed. After a
change is made which unsettles the measurement, new datais not displayed until the
filters are settled and a compl ete time record has been acquired.

If the measurement is running with atime record increment less than 100% and the
measurement is unsettled, unsettled measurements may be displayed. New datais
displayed after the filters are settled and a portion of the new time record has been
acquired. For example, if the time record increment is 25%, 3 measurements are made
before a complete new time record has been acquired. These first 3 measurements have
time records which contain data from before AND after the measurement was unsettled.
These unsettled measurements are displayed in half intensity indicating that the
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measurement is not settled. Once the 4th measurement is complete, the display returnsto
full intensity since the measurements have completely settled time records.

If averaging is on, changes which unsettle the measurement will restart the average.
Unsettled measurements are not included in the new average. Averaging does not start
until the measurement is settled. When the time record increment is less than 100%,
‘Settle’ isdisplayed (instead of the number of averages) below the graph to indicate that
the unsettled measurements are not being averaged.

Vector Averaging
Be sure to select 100% Time Record Increment if you are interested in vector averaged
measurement results. Vector averaged results will be incorrect if anything besides 100%
Time Record Increment is used because the phase of each time record will not be the

same.

Triggering
If the measurement is triggered, then Time Record Increment isignored. Time records
always start with the trigger (with the specified Trigger Delays). The analyzer must use
the Continuous Trigger Source to use overlap processing.
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Waterfall Display

What is a Waterfall?
Waterfall displays show multiple measurement results (records) in asingle display. New
records are added at the top of the display and older records scroll off the bottom of the
display. This gives atime history of the measurement. An example is shown below.

ALive . 1024 KkHz: 0 -6.01% dBVpk

wf 200

Figure Chapter 2 -1 Waterfall Display

Waterfall Storage saves measurement records in waterfall memory. The number of
records which may be stored depends upon the allocated memory and the type of
measurement. The rate at which records are put into memory is programmable.

Waterfall display WITH storage shows only records which are stored in waterfall
memory. While the measurement is running, the display scrolls down and new records
are added at the top (back). The display may not scroll fast enough to show every stored
record in real time. When the measurement is paused, the display is redrawn with either
the newest record in back (normal) or the oldest record in back (reversed). When paused,
every stored record which isvisible in the display is shown. The marker can access the
datain any stored record and scroll the display through the entire waterfall buffer.

Waterfall display WITHOUT storageis simply agraphica display scrolling. The marker
is constrained to the most recent record. Older records are only shown graphically, their
data has not been saved and may not be accessed in any way. In this case, the display
updates and scrolls as quickly as possible.

The [Waterfall] menu configures both waterfall storage and display.

Waterfall displays are not available for Nyquist or Nichols Views or for Swept Sine
measurements.

Waterfall Storage
Waterfall records are stored in waterfall memory. This memory is not retained when the
power is off. Use the [Waterfall] <Memory Allocation> menu to allocate memory
between the capture buffer, waterfall storage and the arbitrary source waveform.
Waterfall memory must be allocated before waterfall storage may be used.
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The SR785 can store waterfall measurementsin the waterfall buffer in one of two ways
depending on the setting of the <Save Option> softkey. If <Save Option> is set to "All,"
each time the SR785 stores arecord it stores enough information to recreate every
measurement in the current measurement group. In this mode you can go back after the
waterfall storage is complete and look not just at the measurement that was displayed
while the waterfall was stored, but at any measurement in the group. Of course, in this
mode more waterfall memory isrequired to store each record.

If <Save Option> is set to "Active Meas Only," only the currently displayed
measurement is stored, so you can not go back later and change the measurement.More
waterfall records can be stored in this mode however.

The number of measurement records which are stored in waterfall memory is set by the
Waterfall Total Count. The maximum Total Count depends upon the allocated memory
the type of measurement, and the setting of <Save Option> as described above.The
amount of waterfall memory available for each display is always half of the allocated
waterfall memory. For example, 500 blocks of allocated waterfall memory is allocated as
250 blocks for each display. For 400 line FFT measurements, This memory can store 250
measurement records from each display in waterfall memory in the "Active Meas. Only"
save mode. If <Save Option> is switched to "All" the number of records for each display
isreduced to 142.

The rate at which measurement records are added to waterfall memory is set by the
Waterfall Skip/Storage Interval. This allows the waterfall memory to hold alonger time
history aswell as setting a variable storage rate.

In FFT, Order, and Time/Histogram group, for every record added to memory, a skip
number of measurements are not stored. For example, a skip of O stores every
measurement in memory. A skip of 10 stores every 11th measurement in memory (store
1, skip 10). The skipped measurements are still computed and affect (exponential)
averaging, they are simply not stored. The elapsed time between stored records
(Ustorage rate) is simply skip+1 times the FFT acquisition time times the time record
increment. (In the case of triggered measurements, skip+1 times the trigger period). This
allows the time between stored records to be determined exactly.

In Octave group, the Storage Interval is set asatime. In this case, a snapshot is stored to
memory every Storage Interval amount of time.

Waterfall Display
To view awaterfall display, set [Waterfall]<Display> to Waterfall. The View Count sets
the number of records displayed and the Trace Height sets the percentage of the display
height for the Y axis. Scroll Angle and Fast Angles set the angle at which successive
records are scrolled in the display. Scrolling at an angle allows changes at a constant
frequency to be viewed more easily but takes longer to update the display. Fast Angles
limits the choice of Anglesto those which scroll faster. The Threshold sets the baseline
suppress threshold and Hidden Lines specifies whether portions of arecord which are
‘hidden’ behind other records will be shown.

The Paused Drawing mode determines how the display is drawn when the measurement
is paused. Normal displays the newest record at the top (back). Oldest at Top displays
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the oldest record at the top (back). Thisis reversed from how the display is scrolled
while the measurement is running.

A singlerecord can be saved to atrace. A time dlice ( history of asingle X from all
stored records) can aso be saved to atrace.
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Capture Buffer

Input Capture samples the analog inputs at a selected sample rate and stores the samples
in memory. Storage is continuous and real-time without interruption in the data stream.
Triggering only starts the capture, it does not synchronize individual time records.

Captured data can be used as the input for all measurement groups except Swept Sine.
The capture buffer can neither be filled nor measured while in the Swept Sine
Measurement Group.

Use the [Capture] <Memory Allocation> menu to allocate memory between the capture
buffer, waterfall storage and the arbitrary source waveform. Capture memory must be
allocated before the capture buffer may be used.

Input Sampling
The input datais always digitized at the maximum sample rate. The maximum sampling
rateis 262.1 kHz when the FFT Base Frequency is 102.4 kHz and 256 kHz when the
FFT Base Fregquency is 100.0 kHz OR the Measurement Group is Octave. When
capturing datain the FFT Measurement Group, it isimportant to choose the 100.0 kHz
Base Frequency if the captured data will be played back in the Octave Group. Only data
captured in the Order Measurement Group can be played back in the Order M easurement
group because the capture buffer contains special tachometer datain that group that is
not present in the other measurement groups.

After the inputs are digitized, they may be filtered and downsampled before being stored
in the capture buffer. This allows longer capture times at lower sampling rates. The
capture data represents a frequency span from 0 Hz to the sampling rate/2.56. All
captured data is baseband. Capturing at less than the maximum sampling rate restricts the
playback measurement span to sampling rate/2.56.

In the order measurement group, the sampling rate is determined by the user selected
maximum order and maximum rpm.

The Capture Length is selected in 2 kPoint (2048) increments limited by the user
memory allocation. A single input or both inputs may be captured. The maximum
capture length for asingle input is twice the length for both inputs at a given memory
allocation.

Capture Fill
To start capture, press the [Start Capture] key. If the Trigger Mode is Auto Arm and the
Trigger Souce is Continuous, capture startsimmediately. Otherwise, the selected Trigger
will bein effect and the next trigger event will start capture. The Capture Progress
indicator shows how much of the desired capture length has been filled. If the Capture
Mode is 1-Shot, capture stops when the buffer isfull. Press [Stop Capture] to halt
capture before the buffer isfull.

If the Capture Mode is Continuous, once capture is started, it continues indefinitely and
fills the capture buffer in a circular fashion. In this case, press [Stop Capture] to halt
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capture with the most recently acquired data stored in the buffer. Continuous Capture
Mode is not available in the Order measurement group.

While capture isin progress, the displays do not update unless the measurement is a
Capture buffer. Use Zoom and Pan to inspect a portion of the buffer. The capture buffer
display can automatically pan as the capture progresses through the buffer. During
capture, if the capture buffer accumulates points faster than can be displayed, some
points are not displayed. This speeds up the display update so that it keeps up with the
real time capture data but allows visual aliasing to occur. Once capture is complete, the
display is redrawn showing the envelope of all points, eliminating any visual aliasing
effects.

Capture Playback
Captured data can only be played back in a measurement with the same maximum
sampling rate. Data digitized at 262.1 kHz can only be played back in FFT Group with
the Base Frequency set to 102.4 kHz. Data digitized at 256 kHz can be played back in
both Octave and FFT Group aslong asthe FFT Base Frequency set to 100.0 kHz.

Datathat isto be played back in the Order group must be captured in Order group. This
is because the order group capture must also capture the tachometer data as well asthe
signal input.

Choose Playback as the Input Source in any Measurement Group except Swept Sine. Set
the Playback Start point within the capture buffer and the Playback Length. When
playing back in FFT Group, it is best to set the Playback Length to a multiple of the FFT
time record (Acquisition Time).

The Capture Progress indicator shows the playback progress through the buffer (relative
to Playback Length).

The capture buffer itself can be displayed as a measurement. Use Zoom and Pan to
inspect a portion of the buffer. During playback, the capture buffer display can
automatically pan as the playback progresses through the buffer. During playback, a
marker at the bottom of the graph indicates the current time record position within the
buffer.

The capture data represents a frequency span from 0 Hz to the sampling rate/2.56. The
playback measurement cannot exceed this measurement bandwidth. In the Frequency
menu, this places alimitation on the maximum FFT span and stop frequency or highest
Octave band during playback. The Average, Window and Waterfall menus all operate
normally during playback.

The Playback Mode can be either 1-Shot (once through the buffer) or Circular (repesat
over and over). In 1-Shot playback, the buffer is played a single time. The playback halts
when the end of the buffer is reached. In Circular playback, the playback starts over
when the end of the buffer is reached. There is often a discontinuity in the playback
measurement when the playback jumps from the end to the start of the buffer. In either
mode, press [Start/Reset] to restart playback at the start again.
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Normal Playback Speed plays back the capture buffer in real time, i.e. 1 second of
capture takes 1 second to play back. Normal Playback Speed looks like the ‘live’ real
time measurement. When the playback isin Octave Group, playback is always Normal
Speed.

When playback isin FFT or Time/Histogram Group, the Playback Speed can be either
Normal or Every Time Record.

Normal Playback Speed plays back the capture buffer in real time, i.e. 1 second of
capture takes 1 second to playback. Normal Speed playback looks likethe ‘live’ real time
measurement. Normal playback is limited to the real time limitations of the equivalent
real time analog input measurement.

Not al time records are displayed during Normal playback though all time records
contribute to averaged measurements. For example, 1 second of capture contains 256 full
span FFT time records. Normal Speed playback at full span takes 1 second and updates
the display only about 8 times during playback.

Every Time Record playback displays the measurement result for every captured time
record. Since the data is stored in memory, Every Time Record playback is not limited
by real time considerations. For example, 1 second of capture can contain 256 full span
FFT timerecords. In this case, all 256 time records are measured AND displayed. The
display still updates at 8 Hz so playback takes about 32 seconds to complete. If the time
records are overlapped, there may be more than 256 measurements to display and
playback will take even longer.

When the measurement time records are very long (narrow spans), the time to process
and display each measurement is much less than the real time record length. Since the
datais already available in the capture buffer, Normal Speed playback means waiting
unnecessarily for areal time record to elapse between updates. In this case, Every Time
Record playback displays the measurements of all captured time records much faster
than Normal Speed real time playback.

When the playback isin Octave Group, playback is aways Normal Speed .

Capture as the Arbitrary Source
The contents of the capture buffer can be used as the arbitrary source. Thisalowsa
captured waveform to be output as the source. The output sample rate should be the same
as the capture sample rate to maintain the correct signal frequencies. If the output sample
rate is less than the maximum sampling rate (262 or 256 kHz), then the source output
will contain aliases. In this case, be sure to limit the measurement bandwidth to the
sampling rate/2.56 to eliminate the effect of these aliases on the measurement.

The amplitude of the arbitrary output depends upon the amplitude of the captured data
relative to the Input Range during capture. If the captured data was 100% of the Input
Range, then an output amplitude of 100% will be 1 Vpk.
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The Source

Sine

The SR785 source provides a variety of test signals which allow the SR785 to measure
the response of electronic, mechanical and acoustic devices, without the need for an
external generator. In many cases, the SR785 source is better than an external source
since it is synchronous with the input sampling.

A low distortion sine wave for general purpose gain, distortion and signal/noise
measurements. The sine source is synchronous with the FFT, i.e. sine waves can be
generated at exact bin frequencies of the FFT. This can eliminate windowing effectsin
the measured amplitude and phase.

Two Tone

Chirp

Noise

Two low distortion sine waves can be generated simultaneously for intermodul ation
distortion tests (IMD). Each tone has independent frequency and amplitude settings.

The Chirp source provides an equal amplitude sine wave at each bin of the displayed
spectrum. For a 400 point FFT, the output is the sum of 400 discrete sine waves. The
phases of each sine wave are arranged so that they do not add in phase resulting in alow
crest factor (ratio of peak to rms). This source is useful for measuring frequency
responses quickly without having to make many discrete measurements using asingle
sine wave.

The Burst Chirp is a sweep over the FFT frequency span in atime less than the time
record. Burst Chirp isonly available for FFT measurements.

Broadband noiseis useful for characterizing circuits, mechanical systems or even the
audio response of an entire room. White noise provides equal amplitude per root Hz from
0to 102 kHz, regardless of the measurement span. White noise is useful in electronic
applications. Pink noiserolls off at 3 dB/oct providing equal amplitude per octave. Pink
noiseis preferred in audio applications.

White Noise can be bandlimited to the frequency span of the measurement.

Since the signal is noisy and random, FFT windows are always required when using the
Noise source.

Burst Noise is noise output for afraction of the time record (FFT) or Source Period
(Octave).

Arbitrary

The Arbitrary source plays awaveform stored in memory. The waveform can be either
Capture buffer or the Arbitrary Waveform memory. Use the <Memory Allocation> menu
to allocate memory between the capture buffer, waterfall storage and the arbitrary source
waveform.
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The Arbitrary waveform memory can be loaded via the computer interfaces, from adisk
file or from a stored trace. The Capture buffer isfilled with input samples.

The Arbitrary source can play a portion of memory starting at a specified point. The
output sampling rate can also be specified. The full scale amplitude of the source is set as
apercentage of 1 Vpk.

Windowing
The Sine, Two Tone, and Chirp sources can be used with or without a window function.

The Sine and Two Tone frequencies can be set at exact bin frequencies of the spectrum,
hence they can be exactly periodic in the time record. Aslong asthe signal to noise at the
input is high, windowing is not required.

The Chirp waveform consists of many sine waves, each one perfectly periodic in the
time record. The Chirp waveform REQUIRES a Uniform window to result in aflat
spectrum. Thisis because the individual frequency components do not have a constant
amplitude over the time record. Windowing will attenuate certain portions of the
spectrum.

Windowing is required when using the Noise source.

Source Trigger
The Sine, Two Tone, Chirp and Arbitrary sources can trigger the FFT time record to
measure phase response and/or vector average. Select Source as the Trigger Sourcein
the [Trigger] menu.

For Sine and Two Tone, the source frequencies must be set to a multiple of the linewidth
in order for stable time records to be acquired. Random frequencies are not exactly
periodic over atime record and do not result in a stable phase even with triggering.

For Burst Chirp and Burst Noise, Source trigger aligns the start of the time record with
the start of the burst output.

Source trigger only appliesto FFT and Correlation measurements.

External Trigger
For Chirp, Burst Chirp, Burst Noise and Arbitrary, the External trigger can trigger the
source output. The source can trigger on only the first trigger or on every trigger after a
measurement is started as selected in the [ Trigger] menu. The measurements are
triggered normally in either case.
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Correlation Analysis

What is Correlation Analysis?
Correlation is atime domain measurement which reveals similarities and periodicities
within asignal (autocorrelation) or between two signals (cross-correlation). Although a
time domain measurement, the SR785 computes correlation measurements by
transforming input data into the frequency domain, processing it, and retransforming
back to the time domain.

Correlation Measurements
Correlation Analysisis a Measurement Group. Choose the Measurement Group within
the [Display Setup] menu. The available measurements are Auto Correlation, Cross
Correlation, Time Record, Windowed Time record, Capture Buffer and User Function.

Auto Correlation

Auto correlation is asingle channel measurement. In the time domain, it is a comparison
of the signal x(t) with atime shifted version of itself x(t-1) displayed as afunction of t.
Thisisuseful for detecting similarities which occur at different times. For example,
echoes show up as peaks separated by the echo time. Sine waves appear as sine wavesin
auto correlation and square waves appear as triangles. Signals which do not repeat or are
completely random (such as noise) appear only at t = 0.

The definition of Auto Correlation depends upon the what type of averaging is selected
in the [Average] menu.

Averaging
Auto Correlation = invFFT( FFTuN ¢« FFTN* )

RMS or Peak Hold Averaging
Auto Correlation = invFFT( <FFTuUN ¢ FFTN*>)

Vector Averaging On
Auto Correlation = invFFT( <FFTUN> ¢ <FFTN*> )

where N is Channel 1 or 2. FFT isawindowed FFT, FFTu is an un-windowed FFT
(uniform window) and invFFT isan inverse FFT.

Correlation isareal function and requires a baseband span (real time record). Non-
baseband time records do not preserve the original signal frequencies and thus do not
yield the correct correlation. A display which is measuring a single channel correlation
will have its start frequency set to 0 Hz.

A correlation window is applied to the time record of one FFT in the computation. This
is because the FFT models the time domain as a single time record repeating itself over
and over. Computing the correlation over at greater than half of the time record length
will result in ‘wrap around’ where the correlation starts to repeat itself. To avoid this,
special windows which zero half of the time record are used. The [0..T/2] window zeroes
the second half of the time record and the [-T/4..T/4] window zeroes the first and last
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quarter of the time record. The [-T/2..T/2] is a uniform window which should only be
used on data which is self windowing (lasts less than half of the time record).

Cross Correlation

Cross correlation is atwo channel measurement. In the time domain, it is a comparison
of asignal x(t) with atime shifted version of another signal y(t-t) displayed as afunction
of 1. Thisisuseful for detecting signals common to both channels but shifted in time.

The definition of Cross Correlation depends upon the displayed average selected in the
[Average] menu.

No Averaging
Cross Correlation = invFFT( FFTu2 « FFT1* )

Peak Hold or RMS Averaging On
Cross Correlation = invFFT(< FFTu2 « FFT1*>)

Vector Averaging On
Cross Correlation = invFFT( <FFTu2> ¢ <FFT1*>)

where FFT1 isthe windowed FFT of Channel 1, FFTu?2 isthe un-windowed FFT
(uniform window) of Channel 2 and invFFT isan inverse FFT.

Correlation isareal function and requires a baseband span (real time record). Non-
baseband time records do not preserve the original signal frequencies and thus do not
yield the correct correlation.

A correlation window is applied to the time record of Chl in the computation. Thisis
because the FFT models the time domain as a single time record repeating itself over and
over. Computing the correlation over at greater than half of the time record length will
result in ‘wrap around’ where the correlation starts to repeat itself. To avoid this, special
windows which zero half of the time record are used. The [0..T/2] window zeroes the
second half of the time record and the [-T/4..T/4] window zeroesthe first and last quarter
of thetime record. The [-T/2..T/2] is a uniform window which should only be used on
datawhich is self windowing (lasts less than half of the time record).

Time Record

Windowed Time Record

These correlation group measurements are similar to their FFT group counterparts. The
major differences are:

1. Because correlation is a baseband measurement, the time records are never
heterodyned, and are therefore always real.

2. Correlation uses adifferent set of windows than the FFT measurement group.
The Correlation windows, which are described above, are designed to zero half
of the time record in order to eliminate "wrap-around" error.
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Capture

The capture buffer may be used as a source of data for correlation measurements. See
Capture Buffer for more details. The Capture measurement displays the contents of the
capture buffer. Correlation measurements can use this stored data as input data by
choosing Playback as the Input Source in the [Input] menu.

User Function

User Function displays the results of a user defined math function. User Functions
defined within the Correlation Analysis Measurement Group may include correlation
measurement results. Use the [User Math] menu to define a math function.
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Octave Analysis

What is Octave Analysis?
An FFT measurement measures the power within equally divided frequency bins. Octave
measurements use logarithmic frequency bands whose widths are proportional to their
center frequencies. The bands are arranged in octaves with either 1, 3 or 12 bands per
octave (1/1, 1/3 or 1/12 octave analysis). Octave analysis measures spectral power closer
to the way people perceive sound, that is, in octaves. 1/3 octave analysis with A-
weighting is the most common measurement for acoustics and sound.

To make an octave measurement, the input data passes into a bank of parallel digital
filters. The filter center frequencies and shapes are determined by the type of octave
analysis, either full (1/1), /3 or 1/12 octave, and comply with ANSI S1.11-1986, Order3,
Type 1-D. The output from each filter isrms averaged to compute the power and
displayed as a bar type graph. Thisis areal-time measurement of the power within each
band and is the only available octave measurement. Since the bands are spaced
logarithmically, octave graphs always have alogarithmic X-axis.

In addition to the octave bands, the sound level is aso measured and displayed as the last
band in the display. Exponential averaged sound power is calculated according to ANSI
S$1.4-1983, Type 0. Broadband Impulse and Peak measurements are made according to
IEC 651-1979, TypeO.

Band Center Frequencies
Choose the number of bands per octave and the start and stop bands for the measurement
within the [Frequency] menu.

The exact band center frequencies are calculated according to the ANSI standard. The
displayed frequencies are sometimes rounded to even values for asimpler display. The
filter shapes are third-order Butterworth with full, 1/3 or 1/12 octave bandwidth.

Full Octave Bands
Full octave bands are defined ranging from 125 mHz to 32 kHz. Up to 11 full octaves
may be measured at one time. The exact centers are given by

Center Frequency = 1000 x 2" forn=-13..5

1/3 Octave Bands
1/3 octave bands are defined ranging from 100 mHz to 40 kHz. Up to 11 octaves (33
bands) may be measured at one time. The exact centers are given by

T3k

Center Frequency =1000 x 2~ 3 forn=-10.. 46

1/12 Octave Bands
1/12 octave bands are defined ranging from 100 mHz to 12.34 kHz. Up to 11 octaves
(132 bands) may be measured at one time. The exact centers are given by
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1 n
Center Frequency = 1000 x Z%E X 2%13% forn=-160 .. 43

Octave Measurements
Octave Anaysisis a Measurement Group. Choose the Measurement Group within the
[Display Setup] menu. The avail able measurements are rms averaged Octave spectrum
(power spectrum), Capture Buffer and User Function.

Octave

Thisisthe basic measurement of octave analysis. It is simply the rms averaged outputs
from the parallel bank of octave filters (also called the power spectrum). The spectrum
gives a stable reading of the rms signal amplitudes and noise level s within each band.
RMS averaging resultsin areal spectrum and there is no phase information.

The number of Octave Channels limits the measurement choices of both displays.

If 2 Octave Channels are selected, then both inputs may be measured. The Measurements
of both displays are independent. The Highest Band for al Octave Resolutionsis
decreased by 2 in this case.

If 1 Octave Channel is selected, then only one input may be analyzed. If both displays are
making an octave measurement, they must both use the same input and frequency range.
Changing the input or frequency range of the active display will change the other display
if necessary. Choosing 1 Octave Channel may change the current measurements so that
both displays use the same input.

Capture

The capture buffer stores sequential time domain datain memory. See ‘ Capture Buffer’
for more details. The Capture measurement displays the contents of the capture buffer.
Octave measurements can use this stored data as input data by choosing Playback as the
Input Source in the [Input] menu.

The capture buffer is often very long. To graphically expand aregion of the display, use
the Pan and Zoom functions in the [Display Setup] menu. The capture buffer display can
automatically pan with the capture fill or playback progress through the buffer. During
capture fill, if the capture accumulates points faster than they can be displayed, some
points are not shown. This speeds up the display update so that it keeps up with the red
time capture but allows visual aliasing to occur. Once capture is complete, the display is
redrawn showing the envelope of all points, eliminating any visual aliasing effects.

To measure from aregion of the buffer, set the Playback Start and Stop in the [Input]
menu.

The capture datais filtered and down-sampled according to the capture sample rate. Only
baseband data (data bandwidth starts at DC) are captured. The capture buffer resembles a
digital oscilloscope display. Signals at frequencies above the sample rate/2.56 have been
filtered out.

The capture buffer is not a continuous representation of theinput signal. The datais
sampled and has atime resolution of 1/(sample rate). High frequency signals will appear
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distorted in the time record. However, ALL of the spectral information is preserved by
the Nyquist sampling theorem as long as the value of each sample is accurate.

Amplitude calibration is performed in the frequency domain. Hence, the captured time
data amplitudes are not calibrated.

User Function

User Function displays the results of a user defined math function. User Functions
defined within the Octave Analysis M easurement Group may include octave
measurement results. Use the [User Math] menu to define a math function.

A User Function may not be selected as the measurement if it uses a Trace which is
empty or which contains data taken in a different Measurement Group.

The number of Octave Channels limits the measurement choices of both displays. If 1
Octave Channel is selected, then only one input may be analyzed. If both displays are
making an octave measurement, they must both use the same input. Changing the input
of the active display will change the measurement or input of the other display if
necessary. User Functions which use both inputs may not be measured. Choosing 1
Octave Channel may change the current measurements so that both displays use the same
input.

See ‘User Math’ later in this section for more,

Octave Averaging
All octave measurements are averaged. There are four types of averaging - Linear Time,
Exponential Time, Equal Confidence and Peak Hold.

Linear Time
The band filter outputs are equally weighted and averaged for an Integration Time.

While Linear averaging isin progress, the integration time completed is shown in the
Horizontal Scale Bar below the graph. When the Integration Time has been completed,
the measurement stops and ‘Done’ is displayed below the graph.

If Waterfall Storage is On, the waterfall buffer only stores the completed linear averages,
not each individual measurement. Each time the linear average is done, theresult is
stored in the waterfall buffer and the average is reset and started over (instead of
stopping). Each completed average counts as a single waterfall record.

Exponential Time
New filtered datais weighted more than older data. The exponentia ‘time constant’ is
the Integration Time. Averaging continues indefinitely.

While Exponential averaging isin progress, the completed integration timeis shown in
the Horizontal Scale Bar below the graph. The displayed time stops incrementing at the
Integration Time while the averaging continues.

Exponential weighting reaches a steady state after approximately an integration time.
Oncein steady state, further changesin the average are detected only if they last for a
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sufficient number of measurements. Make sure that the integration timeis not so large as
to eliminate changes in the data which might be important.

Equal Confidence

Equal confidence averaging is exponential averaging where the integration timeis set for
each band separately. The integration times are set so that there is a 68% probability that
the results are within the specified confidence level of the true mean for every band in
the measurement. There is a 96% probability that the results are within twice the
confidence level (in dB) of the true mean.

The effect of equal confidence averaging is that higher frequency bands have shorter
time constants and lower frequency bands have longer time constants. Thisisvery
noticeable in the update of the display.

Peak Hold
Peak Hold displays the peak output from each band filter. The peak detection continues
indefinitely.

Sound Level Measurement
Thelast bin in an octave display shows one of many types of sound level measurement.

Leq

Leg exponential time averaged power is computed according to ANSI S1.4-1983. Itis
computed from real-time low-pass filtered input data, not from the octave band outputs.
The bandwidth of Leqis DC-100kHz for 1 octave channel and DC-50kHz for 2 channels.

To measure Leqg, set the Averaging Type to Exponential and the Power Binto L.

When the Averaging Type is Exponential or Linear, the exponential time constant for
Leg isthe Integration Time. Leq power is always an exponential average.

Standard measurements use either 125 ms (Fast) or 1000 ms (Slow). Note that the lowest
octave band places alimit on the averaging time. The standard time constants may not be
availableif the octave measurement extends to low frequency bands. If the Averaging
Typeis Equal Confidence, Leq has the same confidence level as the octave
measurement. If the Averaging Typeis Peak Hold, Leg is not available.

Thelast bin in the measurement displays the Leq sound level. The last binis labeled
either ‘L’ (for uniform weighting) or ‘LA’ (if the input A-Weighting filter is on).

In aUser Math function, the L or LA bin istreated the same as the other octave bins,
with the exception of the A, B and C weighting operators. These operators do nhot change
theL or LA bin.

Impulse

Broadband Impulse sound level (1) is computed according to IEC 651-1979, TypeO. It is
computed from real-time low-pass filtered input data, not from the octave band outputs.
The Impulse bandwidth is DC-100kHz for 1 octave channel and DC-50kHz for 2
channels.
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To measure |, set the Averaging Type to Exponential, Linear or Equal Confidence and
the Power Bin to Impulse.

The time constants for the Impulse measurement are defined by the IEC standard. The
Integration Time and Confidence Level are ignored by the Impulse cal culation. Impulse
power is aways an exponential average.

Thelast bin in the measurement displays the Impulse sound level. The last binis labeled
1.

In aUser Math function, the | bin is treated the same as the other octave bins, with the
exception of the A, B and C weighting operators. These operators do not change the |
bin.

Peak

Broadband Peak sound level (P) is computed according to IEC 651-1979, TypeO. It is
computed from real-time low-pass filtered input data, not from the octave band outputs.
The Peak bandwidth is DC-100kHz for 1 octave channel and DC-50kHz for 2 channels.

To measure P, set the Averaging Type Peak Hold. In this case, the Power Bin must be set
to Peak.

The time constants for the Peak measurement are defined by the IEC standard. The
Integration Time and Confidence Level are ignored by the Peak calculation. Peak power
is always an exponential average.

Thelast bin in the measurement displays the Peak sound level. Thelast bin islabeled
‘P.

In aUser Math function, the P bin is treated the same as the other octave bins, with the
exception of the A, B and C weighting operators. These operators do not change the P
bin.

Total Power
Total power (T) is computed from the sum of the measured octave bands. The bandwidth
is set by the Highest and L owest Bands of the octave measurement.

To measure Total Power, set the Power Binto T. Total Power is available for all
Averaging Types.

Thelast bin in the measurement displays the Total Power. The last bin islabeled as
follows.

Label Frequency Weighting
T uniform weighting
TA A-Wt (input filter)
Ta A-Wt (User Math)
Tb B-Wt (User Math)
Tc C-Wt (User Math)
Tu undefined
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‘Tu’ is shown whenever more than one type of weighting exists in the measurement.

In aUser Math function, the octave bins are operated on and then summed to provide the
T bin. The T bin is computed after the function is evaluated.

Settling Time
When an octave measurement or input is changed, a settling timeis required for the
change to propagate through the octave filters and the measurement becomes valid again.
This settling time is 1/(5xbandwidth) for each band in the measurement.

The bandwidth of an octave filter is given by

01 0
Bandwidth = Center Frequency x [22n ——0 wheren = 1, 3 or 12 (octave)

22n
‘Settle’ is shown below the graph while settling takes place. Bands which are un-settled

are displayed at half intensity in the graph. When Waterfall Storage is selected, records
are not added to the waterfall buffer while octavebands are still settling.
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Swept Sine Measurements

A swept sine measurement is basically a sine sweep which steps through a specified
sequence of frequency points. At each point, the source maintains a constant frequency
and the inputs measure signals only at this frequency. After each measurement point is
complete, the source then moves to the next point in the sequence. Unlike the FFT which
measures many frequencies at the same time, a swept sine source measures the frequency
response asingle frequency at atime.

Why Use Swept Sine?
Freguency response can be measured using the FFT. However, if the frequency response
has alarge variation within the measurement span, then the FFT may not be the best
measurement technique. It’s limitation comes from the nature of the chirp source that
must be used. The FFT measures the response at all frequencies within the span
simultaneously, thus the source must contain energy at all of the measured frequencies.
In the time record, the frequency components in the source add up and the peak source
amplitude within the time record generally exceeds the amplitude of each frequency
component by about 30 dB. Since the input range must be set to accommodate the
amplitude peak, each component is measured at -30 dB relative to full scale. This
effectively reduces the dynamic range of the measurement by about 30 dB! If the
frequency response has a variation from 0 to -100 dB within the measurement span, then
each bin of the FFT must measure signals from -30 dBfs to -130 dBfs. Even with alarge
number of vector averages, this proves difficult, especially with large measurement
spans.

Swept sine measurements, on the other hand, can optimize the measurement at each
frequency point. Since the source is asine wave, al of the source energy is concentrated
at asingle frequency, eliminating the 30 dB chirp dynamic range penalty. In addition, if
the transfer response drops to -100 dBV, the input range of Channel 2 can auto rangeto -
50 dBV and maintain ailmost 100 dB of signal to noise. In fact, smply optimizing the
input range at each frequency can extend the dynamic range of the measurement to
beyond 140 dB!

For frequency responses with both gain and attenuation, the source amplitude can be
optimized at each frequency. Reducing the source level at frequencies where thereis
gain prevents overloads and increasing the amplitude where there is attenuation
preserves signal to noise. To optimize the measurement time of sweeps covering orders
of magnitude in frequency, the detection bandwidth can be set as a function of
frequency. More time can be spent at lower frequencies and lesstime at higher
frequencies. In addition, frequency points can be skipped in regions where the response
does not change significantly from point to point. This speeds measurements of narrow
response functions.

The figure below illustrates the difference between FFT and swept sine when measuring
the frequency response of an elliptic low-pass filter. Thisfilter has a stop band of -80 dB
and a zero of about -100 dB. The 400 point FFT measurement was made with 2500
vector averages taking about 10 seconds to complete. The swept sine also took 400
points. Each point was averaged for 16 ms or 10 cycles, whichever was longer. The
entire sweep also takes about 12 seconds.
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AlLive . 384 kHz -75.743 dB

Hz 8§12 kHz
F2/F1> Log Mag Uniform VecAvg 2500-Done

Alive 39.07143 kHz -102122 dB

FFT Measurement Swept Sne Measurement
Figure Chapter 2 -2 Frequency responses

The range of the FFT measurement is limited to about 80 dB. Thisis because the
response signal to Channel 2 contains frequency components within the filter pass band.
These components add to create amplitude peaks near 0 dBV (for a 1V chirp amplitude).
This requires the input range of Channel 2 to be set near 0 dBV even though each pass
band component isonly at -30 dBV. The noise floor at full span is about -100 dBV.
Thus, the dynamic range of this measurement is roughly 70 dB (pass band to noise
floor). Vector averaging in this case improves the dynamic range to about 80 dB.

The swept sine sweep measures each frequency alone, thus optimizing each frequency
point individually. This measurement was taken using Auto Range to adjust the input
range at each frequency for the best signal to noise. When the frequency isin the stop
band, the return signal to Channel 2 is-80 dBV (or less). The input range of Channel 2 is
adjusted to -50 dBV for these frequencies eliminating the noise floor limitation. The
depth of the zero in the response as well as the shape of the stop band are clearly
resolved.
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Swept Sine Measurement Setup
The advantages of the swept sine are apparent in the above comparison. The real
usefulness of this techniqueisthat all of the optimizations can be automated in the
SR785.

To make a swept sine measurement, select Swept Sine as the Measurement Group. This
makes both displays swept sine measurements. Capture and Waterfall are unavailablein
the Swept Sine group.

The sweep frequency parameters are set in the [Frequency] menu. The settling and
integration time for each point is set in the [Average] menu. The source amplitude is set
in the [Source] menu.

Simply press the [Auto Range Ch1] and [Auto Range Ch2] keys to turn on Auto
Ranging. Auto Ranging always tracks the input signals during a swept sine measurement.

The signal connections are the same as for an FFT frequency response. The SR785
measures Channel 2 response divided by Channel 1 as the frequency response. The input
to the device under test is measured by Channel 1 (typically thisis the source output) and
the device output is measured by Channel 2.

Swept sine displays differ from FFT displays. The sweep span is not limited to factors of
two and the start and stop frequencies are not related to an FFT span. Also, the number
of points can range from 10 to 2047. Y axis scaling and X axis zooming are the same as
with FFT displays.

Each data point is graphed at its correct frequency and amplitude and connected to
adjacent points with aline. The marker only moves to the actual sweep points and the
Marker Position Bar shows the actual frequency of each point. If the marker position is
displayed with a‘?, the point is interpolated from nearby measured points. The actual
measurement of these points was skipped due to sweep Auto Resolution.

While asweep isin progress, a small triangular marker moves across the bottom of the
display to show the current sweep point. The current frequency is displayed at the top of
the screen.

Swept Sine Measurements
Only Spectrum, Cross Spectrum, Normalized Variance, Frequency response and User
Function measurements are available. Time record, capture and waterfall are not
available in this measurement group.

Spectrum

The swept sine spectrum is simply the measurement of a single channel over a sweep.
The spectrum is complex (it contains phase and amplitude information). The phaseis
relative to the source and is stable but arbitrary. Single channel phaseis not generally
meaningful.

The spectrum measures the actual signal level at the inputs. If Source Auto Level isOn,
then the spectrum will tend to be constant. Use Frequency response to remove the effects
of a changing source level.
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Cross Spectrum
The swept sine cross spectrum is atwo channel measurement defined as

Cross Spectrum = conj( Specl ) « Spec2

The cross spectrum contains both magnitude and phase information. The phase is the
relative phase (at each frequency) between the two channels.

The magnitude is simply the product of the magnitudes of each spectrum. Frequencies
where signal is present in both spectrawill have large components in the cross spectrum.

Frequency response
The swept sine frequency response (sometimes called frequency response) is atwo
channel measurement defined as

Frequency response = Spec2 / Specl

The frequency response contains both magnitude and phase information. The phase is the
relative phase (at each frequency) between the two channels.

Frequency response measures the response of a network or device under test . The
reference channel (1) measures the signal at the input to the device and the response
channel (2) measures the device output. The result is the complex frequency response of
the device.

Normalized Variance

Normalized variance is asingle channel swept sine measurement similar to the coherence
measurement of the FFT measurement group. The normalized variance is an indication

of the signal to noise ratio after integration over the specified number of cyclesis
performed. Normalized variance, like coherence, has a value between 0 and 1. A value of
1 indicates that all noise has been removed from the signal. Values less than one indicate
that there is noise remaining. Increasing the Integration Time or Integration Cycleswill
move the variance closer to 1.

User Function

User Function displays the results of a user defined math function. User Functions
defined within the Swept Sine Measurement Group may include swept sine measurement
results. Use the [User Math] menu to define a math function.

A User Function may not be selected as the measurement if it uses a Trace which is
empty or which contains data taken in a different Measurement Group.

See ‘User Math' later in this section for more.

Averaging - Settling and Integration
At each frequency point in a swept sine measurement, the inputs measure the amount of
signal at the source frequency. Thisis done by multiplying the input data by sin(«t) and
cos(wt) and averaging the results over an Integration Time. Aswith the FFT, real (in-
phase) and imaginary (quadrature) signals are measured yielding both magnitude and
phase frequency responses.
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The Integration Time is always an exact number of cycles at the source frequency. This
rejects signals which are at a different frequency, such as noise and harmonics. A long
Integration Time results in a narrow detection bandwidth at the source frequency. This
improves signal to noise at the cost of longer measurement times . Thisis similar to the
linewidth of an FFT. However, in the FFT the linewidth is exactly related to the
frequency span (Span/FFT Resolution). In swept sine, the Integration Timeis
independent of the frequency span. Thus, wide spans can be measured with narrow line
widths.

The Integration Timeis specified in both time and cycles of the source. Times are
converted to the next larger exact number of cycles. The larger of the two specifications
isused as the Integration Time. A minimum of 1 cycle or 15.6 msis always measured.
To measure each point with the same linewidth, set the Integration Cyclesto 1 and the
Integration Time to V/linewidth. To measure each point for atime inversely proportional
to the frequency, set the Integration Time to 15.6 ms and the Integration Cyclesto the
desired number. Remember, the detection bandwidth increases with frequency in this
case (the cycles get shorter) which may result in increased detected noise at higher
frequencies.

When the integration is compl ete, the source moves to the next frequency in the sweep.
A Settle Time is allowed to pass before any measurement is made at the inputs. This
allows the device under test to respond to the frequency change. This can be especially
important if the device under test has ahigh Q. The Settle Timeis aso specified in both
time and cycles of the source. Times are converted to cycles and the larger of the two
specified cyclesis used.

The Integration and Settle Times are set within the [Average] menu.

Sweep Frequency and Auto Resolution
The span of a swept sine sweep is determined by the Start and Stop frequencies. The
entire 102.4 kHz frequency range of the SR785 is available for swept sine measurements.
Note that starting a sweep at DC is not possible. In fact, beware of starting at any
frequency much less than 1 Hz since the Settle and Integration times are aways a
minimum of 1 cycle. If the start frequency is very low, the first point can take longer to
measure than the entire remainder of the sweep!

The Sweep Number Of Points, or resolution, can be set from 10 to 2047. The points can
bein alinear or alogarithmic progression. In many casesit is desirable to sweep over a
wide frequency range while still detecting narrow features in the response function. An
example might be afilter with many zeroes or a narrow notch. In order to resolve the
narrow features, alarge number of points must be used in the sweep to improve the
frequency resolution. However, alarge amount of the sweep time will be spent
measuring points between the features of interest. Thisiswhere Auto Resolution can
save measurement time while preserving resolution.

Auto Resolution is specified by three parameters, the Faster Threshold, the Slower
Threshold and the Maximum Step Size. Aswith all frequency parameters, these are set
within the [Frequency] menu.
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Auto Resolution examines the measurements of successive frequency points. If the
newest measurement is within the Faster Threshold of the previous measurement (for
BOTH channels), then the sweep will take larger steps, skipping frequency points. Each
successive time this threshold is met, the step size isincreased until the Maximum Step
Sizeisreached. This speeds up the sweep in regions where the response is flat (varies
less than the Faster Threshold).

If ameasurement differs from the previous measurement by more than the Slower
Threshold (for EITHER channél), then the sweep returns to the previously measured
point and moves to the very next frequency point in the sweep (with no skipping). The
sweep continues from this point, speeding up if allowed and slowing down when
required. This‘fills' in skipsin the sweep which vary by more than the Slower
Threshold.

M easurements which differ by more than the Faster Threshold (on EITHER channel) but
less than the Slower Threshold (on BOTH channels), maintain the present sweep speed.
The number of points skipped remains the same in this case.

In order to adjust these parameters appropriately, some knowledge of the frequency
responseisrequired. In order to save time, the Faster Threshold must be set to alow
some speeding up. Set the Faster Threshold to the desired amplitude resolution
remembering that some sacrifice isrequired to save time. In order to avoid missing the
major features in the response, set the Slower Threshold to less than half of the feature
size. If the feature is narrow, set the Maximum Step Size to less than half of the feature
width (in sweep points).

It isgood practice to start by taking a sweep with Auto Resolution Off. This ensures that
the span and resolution of the sweep are correct as well as the averaging times. Once
these have been established, turn Auto Resolution On to save time on successive
measurements. Start by setting the Faster Threshold to something greater than the
variations of the flat regions of little interest. Set the Slower Threshold to twice the
Faster Threshold and the Maximum Step Size to no more than 5% of the Sweep Number
Of Points. Adjust the parameters as necessary to optimize the sweeps where needed.

A well specified Auto Resolution sweep can take 80% off of the sweep time while
preserving the essential features of the frequency response. Thisisvery useful in
repetitive measurements.

Input Auto Ranging
Input auto ranging has the largest impact on extending the dynamic range of a swept sine
measurement. It is also the simplest optimization to setup and use. Simply press the
[Auto Range] keys to turn on Auto Ranging. Auto Ranging always tracks the input
signals during a swept sine measurement. At each frequency point, each input rangeis
adjusted to keep the signal within -6 dB of full scale (if possible). If the input is
overloaded, then the range isincreased until the overload is removed.

Auto Ranging increases the measurement times whenever an input range is changed.
Thisis especially true when the signal drops below -6 dBfs. In order to detect this under-
range condition, the measurement must be made for the entire integration time. At low
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frequencies, this can add a significant amount of sweep time. Overloads can be detected
at any time during the integration time and thus ranging up requires less time.

For smooth frequency responses where successive measurement points do not differ by
more than 6 dB, auto ranging does not add substantially to the sweep time while
increasing the dynamic range dramatically. In some cases, especialy at very low
frequencies, it might be better to set the range manually to avoid increasing an already
long sweep time.

Auto Ranging is set for each channel separately and can be turned on and off during the
sweep. The manual input range can be changed at any time during the sweep as well.

Source Auto Level and Ramping
The source amplitude parameters for a swept sine measurement are set within the
[Source] menu. Normally the source amplitude is maintained at a constant level at all
frequencies during the sweep. This usually works best for frequency responses which are
mostly attenuating and have little or no gain. Simply set the source amplitude such that
the device under test is not overloaded anywhere in the sweep.

Source Auto Level will adjust the source amplitude to maintain a constant level, called
the Ideal Reference, at the Channel 1 or Channel 2 input. Thisis useful whenever the
frequency response has substantial gain as well as attenuation. Suppose the frequency
response of the device under test has +30 dB of gain at one point and -80 dB of loss at
another point and overloads at an input or an output of 1.0 V. If a constant source level is
used, it must be set to avoid overload during the gain portion of the sweep. This requires
alevel of -30 dBV. When the sweep reaches the attenuation region, the output signal will
drop to -110 dBV. While thisis still measurable, it may not be optimum. With Auto
Level, the source can try to maintain an Ideal Reference of 1.0 V at the output of the
device under test (input of Channel 2) while not exceeding 1.0 V at the device input.
Where the gain is +30 dB, the source level is-30 dBV and where the attenuation is -80
dB, the source level increases to the Maximum Source Level (1.0V in thiscase). The
actual signal output from the device under test varies from 0 dBV to -80 dBV instead of
0dBV to-110 dBV in the constant level case. Varying the source level narrows the
range of the output signals. This avoids overloads when there is gain and increases the
output signal to noise when there is attenuation.

Source Auto Level requires input Auto Ranging to be on. Thisis because the non-
reference channel should follow all of the source changes. In the above example, the
source changes by 30 dB at Channel 1.

There are five important parameters to set when using Auto Level. The Auto Level
Reference Channel determines which input will be maintained at the reference level.
Thisisusually the device under test output (Channel 2). In cases where the device under
test is not driven directly from the source output, the device input (Channel 1) may be the
reference. The Ideal Reference isthe level the source will try to maintain at the
Reference Channel. Thisis determined by the limitations of the device under test or may
simply be the desired signal level at which the test is run. The Maximum Source Level is
the largest allowed source amplitude. Thisis limited by the SR785 source output or the
device under test input range. The Reference Upper and Lower limits are the allowable
tolerances for the Reference Channel. The source level is changed only if the reference
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channel measures an input which exceeds the Ideal Reference by more than the Upper
Limit or which isless than the Ideal Reference by more than the Lower Limit. In cases
where the reference channel input must be limited, the Ideal Reference plus the Upper
Limit must be less than or equal to thislimit.

Whenever Auto Level isused, the measurement MUST be frequency response. The
signal connections must be made for a frequency response measurement. Thisis because
source level changes are not normalized in the individual measurements. Only the ratio
of Channel 2 to Channel 1 is source level independent.

The Source Ramp Rate is the rate at which the source level changes. If Source Ramping
is Off, source level changes are made instantly. If Source Ramping is On, the source
level changes are made at the ramp rate. The Settle Time starts after the source reaches
the new level. This prevents fast level changes from disturbing the device under test. Of
course, this adds to the sweep time.

The source ramps off whenever there are no measurements being made. This occurs
before the start of a sweep, at the end of a single sweep or while a sweep is paused (by
the user). If Ramping is Off, the source shuts off instantly in these situations.
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Order Analysis

What is Order Analysis?
In vibration analysis or preventive maintenance of rotating machines, it is often useful to
identify spectral components by their relation to the speed of the rotating machine, rather
than their absolute frequency. For instance, if we identify a potentially troublesome
vibration component at 3 times the rotation speed during a baseline test of a machine at
120 RPM, al we redlly care about is that the vibration is at "3rd order," not that it's at
6Hz. That way we can compare the results to the 3rd order vibration level in some future
test without having to worry about getting the machine to run at exactly 120 RPM again.

In the Order Analysis measurement group the SR785 cal cul ates spectrawhose x-axisis
in orders, i.e. multiples of the machine speed. To do this, it requires information about
the speed and postition of the machine's shaft. Thisis provided by atachometer input,
which provides asignal at fixed positions relative to the shaft rotation. With the SR785,
all the traditional measurements of rotating machinery analysis including order maps,
rpm profiles, run-up and run-down plots, can be easily made without any additional
equpment.

Order Spectra and Order Tracking
Two types of measurement are typically made with rotating machinery. The first looks at
the input amplitude as a function of order. Thistype of measurement is similar to the
standard FFT, except that the x-axisis calibrated in ordersinstead of in absolute
frequency. Typically, ameasurement of the order spectrumisfirst performed to identify
ordersfor further study.

Once we've identified the problem orders, we can move to the second type of
measurement, where the amplitude of a specific order, or set of ordersisrecorded as the
machine speed is changed. We may want to ramp the machine from startup to operating
speed, and track the behavior of the third order vibration.

The SR785 can perform both types of measurements by selecting a value for the
[Freg]<Tracking> softkey. When tracking is turned on the analyzer records the
amplitude for each spectral order as afunction of RPM. Using the [Freg]<Track Setup>
submenu, a 2-dimensional plot of the amplitude of any order of either input channel can
be generated. Using RPM trigger arming, the analyzer can be configured so that the
tracked data points are acquired at fixed RPM intervals.

The tracking feature uses the SR785's Tracking/Waterfall memory. Thus when tracking
isturned on, waterfall storage of spectrais not allowed. If waterfall storage is necessary,
turn tracking off.

Order Measurement Setup
Choose the Maximum RPM, Minimum RPM, Maximum Order, and Delta Order to setup
an Order measurement. Maximum RPM affects the available range of Max Order; the
higher the selected Maximum RPM, the lower the maximum order that can be selected.
The realtionship can be summarized as: max(Max RPM) = 60 « 40,000 /(Max Order).
Minimum Order does not affect the measurement at all, it merely sets a default scaling
for measurements whose x-axisis calbrated in RPM, such as Order Track.
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The combination of Maximum Order and Delta Order also determine the length and
resolution of the Order time records. The resolution of the time record, in revolutions, is
given by: Resolution = 1/(5.12-Effective Max Order), where Effective Max Order is
equal to Delta Order » 400, ( if Max Order/Delta Order > 200), Delta Order « 200, ( if
100 < Max Order/Delta Order <= 200), Delta Order 100, ( if 50 < Max Order/Delta
Order <= 100), or Delta Order « 100, (If MaxOrder/Delta Order <=50).

The length of the time record, in revolutions, is 1/(Delta Order).

The combination of these parameters also determines the Capture Sampling Rate. While
in other measurement groups the Capture Sampling Rate is determined explicitly by the
user with the sampling rate softkey. In the order measurement group, the sampling rate is
given by: Sampling Rate = 5.12-Effective Max Order, where the sampling rate is then
rounded up to the nearest integer submultiple of 256 kHz.

Order Measurements
Linear Spectrum
The Linear Spectrum in the order measurement group is similar to the FFT measurment
in the FFT measurement group except that the x-axisis calibrated in orders instead of
absolute frequency. The Linear Spectrum includes both magnitude and phase
information. Phase in the Linear Spectrum is measured relative to the tachometer pulse
unless an external trigger is used in which case the phase is measured relative to the
trigger.

Power Spectrum

The Linear Spectrum in the order measurement group is similar to the Power Spectrum
measurment in the FFT measurement group except that the x-axisis calibrated in orders
instead of absolute frequency. The power spectrum gives the power present in each
spectral order, no phase information is included.

Time Record

The time record is not similar to the time record measurement in the FFT measurement
groups. Time Records in the fft group are measurements of the input signal at fixed time
intervals. In the Order measurement group, time records are measurements of the input
signal at fixed angular positions around the shaft. Since the analyzer only samples the
input at fixed time intervals, the order time record must be calculated by combining the
fixed interval sampling with information from the tachometer about where the shaft
position was relative to the sampled data.

The x-axis of the order time record is calibrated in revolutions, the resolution and
number of resolutionsin the time record are determined from the Maximum Order and
Delta Order softkeys.

Windowed Time Record

The windowed time record shows the Time Record multiplied by the Window function.
Remember that in the order measurement group you should use the uniform window if
the expected harmonics are integer multiples (orders) of the rotating machine speed.
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RPM Profile
The RPM profile measurement is atwo-dimensional plot showing RPM on the x-axis
and time on the y-axis.

Orbit

The orbit measurement is atwo-dimensional plot of the Channel 2 time record vs. the
Channel 1 time record. The orbit measurement is often used in shaft balancing
applications.

Track

The Order Track measurement is atwo dimensional plot of the amplitude of a given
order vs. RPM. The Track measurement can only be selected when Tracking is turned on
in the [Freguency] menu. The order and input channel displayed by the track
measurement is selected with the Track Setup submenu.

The amplitude recorded in the track is the Linear Spectrum, and contains both amplitude
and phase information.

Since the tracking feature uses the memory allocated to the Waterfall/Order buffer, the
waterfall buffer is not available for waterfall storage when tracking is enable.

Capture

The capture buffer may be used as a source of data for order measurements. See Capture
Buffer for more details. The Capture measurement displays the contents of the capture
buffer. Order measurements can use this stored data as input data by choosing Playback
as the Input Source in the [Input] menu.

In the order analysis measurement group, the capture buffer must store information about
the tachometer input as well as the signal inputs. Therefore, only capture buffers that
were taken while the analyzer isin the order measurement group may be used as a source
of datafor order measurements during capture playback.

User Function

User Function displays the results of a user defined math function. User Functions
defined within the Order Measurement Group may include order measurement results.
Use the [User Math] menu to define a math function.

A User Function may not be selected as the measurement if it uses a Trace which is
empty or which contains data taken in a different Measurement Group.
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Time/Histogram Measurements

Time and Histogram Measurements
Time and Histogram measurements give a statistical picture of an input signal in the time
domain only. Histogram measurements answer questions such as "How often is my
signal between 1V and 1.1V, or "What's the probability that my signal exceeds .5V."
Time and Histogram measurements are useful for characterizing noise as well asin many
mechanical applications.

Measurements in the Time/Histogram Group
Time Records, Histograms, Probability Density Functions (PDF), Cumulative Density
Functions (CDF), and Capture are the measurements available in the Time/Histogram
group. Time/Histogram measurements may be stored in the waterfall buffer and the
Capture Buffer may be used asin input.

Histogram

The Histogram displays the distribution of amplitudes found in the input signal over a
time determined by the Histogram Length. Histogram Length may be set in terms of the
number of pointsin the histgoram, or the length of time to acquire the histogram

The x-axis of the histogram represents the input amplitude range of the SR785, from
negative full scale (plus an overhead factor of 1.25) to positive full scale (plus an
overhead factor of 1.25) divided into a number of histogram "bins’ given by the Bins
softkey. While the histogram is being acquired, the input signal is sampled at intervals
given by Sampling Time and the number of samplesin each histogram bin is recorded. If
Repeat has been selected, the histogram will restart automatically after finishing.

The x-axis unit of the histogram measurement is volts, indicating the voltage
corresponding to each histogram bin, while the y-axis unit is counts, indicating how
many samples are in the bin. If Engineering Units are turned on, the x-axis will bein the
selected Engineering Units.

Time Record

The Time/Histogram Time Record measurement is similar to the FFT group time record.
The key differenceisthat while the FFT group time record is digitally filtered to
eliminate aliases, the Time/Histogram group time record is unfiltered. If the sample time
is set to 1s, the analyzer simply samples the input every second. This allows examination
of the input signal without the effects of additional filtering. If desired, the input anti-
aliasing filters can be turned off to present an even "purer" view of theinput signal. The
number of samplesin atime record is fixed at 1024 in the Time/Histogram group.

Probability Density Function (PDF)

The probability density function, or PDF, is similar to the histogram, except it is
normalized so that the integral of the PDF between any two pointsis equal to the
probability that the amplitude of the input signal is between those two points. Since the
integral of the PDF over voltage is a probahility, i.e. unitless, the units of the PDF must
beinverse volts.
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Cumulative Density Function (CDF)

The cumulative density function, or CDF, is an integrated version of the PDF. The value
of the CDF at avoltage V istheintegral of the PDF from the smallest amplitude up to V.
Thus, the value of the CDF at V isthe probability that the input signal has an amplitude
smaller than V.

Capture

The capture buffer stores sequential time domain datain memory. See ‘ Capture Buffer’
for more details. The Capture measurement displays the contents of the capture buffer.
Time/Histogram measurements can use this stored data as input data by choosing
Playback as the Input Source in the [Input] menu.

The capture buffer is often very long. To graphically expand aregion of the display, use
the Pan and Zoom functions in the [Display Setup] menu. The capture buffer display can
automatically pan with the capture fill or playback progress through the buffer. During
capturefill, if the capture accumulates points faster than they can be displayed, some
points are not shown. This speeds up the display update so that it keeps up with the red
time capture but allows visual aliasing to occur. Once capture is complete, the display is
redrawn showing the envelope of all points, eliminating any visual aliasing effects.

To measure from aregion of the buffer, set the Playback Start and Stop in the [Input]
menu.

The capture buffer is not a continuous representation of theinput signal. The datais
sampled and has atime resolution of 1/(sample rate). High frequency signals will appear
distorted in the time record. However, ALL of the spectral information is preserved by
the Nyquist sampling theorem as long as the value of each sampleis accurate.

User Function

User Function displays the results of a user defined math function. User Functions
defined within the Time/Histogram Measurement Group may include time/histogram
measurement results. Use the [User Math] menu to define a math function.
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Trace Storage

M easurement data may be stored in one of 5 Trace buffers. Trace buffers are simply
temporary storage for complex measurement results and are shared by all Measurement
Groups. Trace datais not retained when the power isturned off.

Display or Reference Display data may be saved to a Trace. Waterfall records or slices
may also be saved to a Trace. Trace datais associated with the Measurement Group in
which the data was originally taken. A Trace into which an FFT measurement has been
saved is associated with the FFT Group.

A stored Trace can be recalled to the active display as Display data. A Trace may be
recalled to a display regardless of its associated Measurement Group. When a Traceis
recalled as Display data, the Display becomes Off-Line. Since the Off-Line display is
showing static trace data, its Measurement, Window, Frequency Span and Averaging
may not be modified. Only display related parameters such as View, Scaling and Marker
Functions may be changed Off-Line.

A stored Trace can also be recalled to the active display asits Reference Display. In this
case the Measurement Group associated with the Trace must be the same as the
M easurement Group of the active display (either Live or Off-Ling).

A stored Trace may be used as an operand in a User Math Function. In this case, in order
to display the User Function, the Trace must contain data AND the Trace must have data
stored from within the current Measurement Group. For example, an FFT User Function
which uses Tracel cannot be chosen as a Measurement if Tracel is empty OR contains
octave analysis data.

To preserve Trace data permanently, save the Traceto disk.

A Trace may berecalled from adisk file or loaded from an interface. If a User Function
isdisplayed and it uses a Trace in its equation, then that Trace cannot be changed to data
from a different Measurement Group. For example, if an FFT User Function using
Tracel is being displayed, you cannot recall octave data from disk to Tracel.
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User Math Functions

What is a User Function?
User Functions are used to define measurements which are not already available in each
Measurement Group. A User Function is an equation defined by the user in the
[User Math] menu. User Functions use Operands such as FFT(1), FFT(2), Traces or
Constants, and Operators such as +, -, X, / aswell asFFT(), IFFT(), Avg( ), Mag(),

Phase( ), etc.

To make a measurement of a defined User Function, select the User Function as the
Measurement for the active display. User Functions behave exactly the same as the
predefined measurementsin general. The display will show the measurement results
using real time input data (if the function requires input data). Frequency, Averaging and
Displays operate normally for most User Functions. Triggering operates normally within
each Measurement Group (afunction using an FFT time record istriggered normally).

User Functions are saved and recalled to disk with the instrument Settings.

Measurement Groups and Traces
Each Measurement Group contains 5 User Functions in addition to its predefined
measurements. User Functions can only be measured (displayed) within their own
M easurement Group. Each Measurement Group allows different Operands (FFT(1),
Oct(1) or Swept Sine Spec(1)) aswell as different Operators.

User Functions can also use the 5 stored Traces as operands. In this case, in order to
display this User Function, the Trace must contain data AND the Trace must have data
stored from within the current Measurement Group. For example, an FFT User Function
which uses Tracel cannot be chosen as a Measurement if Tracel is empty OR contains
octave analysis data.

If aUser Function is displayed and it uses a Trace in its equation, then that Trace cannot
be changed to data from a different M easurement Group. For example, if an FFT User
Function using Tracel is being displayed, you cannot recall octave data from disk to
Tracel.

Changing Measurement Groups and storing Traces may make User Functions
unavailable because of the above restrictions. In this case, store Trace data within the
current Measurement Group before selecting the User Function as the measurements.

Operands
Operands are arrays of complex values (real and imaginary). They may be measurement
results (such as FFT(1), Time(1) or Oct(1)), a Trace, or a Constant. An array which is
real simply has zero for itsimaginary parts. The array length of an Operand is
determined by the measurement length (number of FFT lines, length of time record,
number of octaves, etc.) or Trace length (Iength of the data which is stored in the Trace).
Constants assume the length of the user function.

Operands which are measurement results enclosed in angle brackets, such as
<Freg. Resp.> or <Spec(1)>, are exactly the same as the normal measurements. They are
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X Axis

computed using whatever averaging is selected with the <Display Average> softkey.
They are computed from the input data (real time Analog or capture Playback) and use
the frequency and windowing parameters from the menus. Frequency domain
measurements are amplitude calibrated, time records are not. FFT and Time record
measurements are also triggered just like the normal measurements.

Operands which are measurement results which are not enclosed in angle brackets, such
as FFT1 or Timel represent unaveraged, instantaneous versions of the measurement.

Operands which contain an explicit averaging type, such as Vec<F1> or PeakHold<F2>)
always are averaged according to their indicated type, regardless of the setting of the
<Display Average> softkey.

Octave and Swept Sine measurements are always averaged measurements. Use the
[Average] menu to set the averaging parameters.

FFT(1) and FFT(2) are the FFT of the Chl and Ch2 inputs. These operands use the
window chosen in the [Window] menu for the display which is measuring the function.

FFTu(1) and FFTu(2) are un-windowed FFT's of the Chl and Ch2 inputs.

Correlation operands such as RM S<Ful+F1> are used to compte the RM S and V ector
averaged auto and cross correlation measurements. The Fu refers to the un-windowed
FFT. See the descriptionof the Correlation measurements for exact definitions of the
correlation measurements in terms of these operands.

Trace operands are smply the data stored in the Traces. For example, Traces can hold
reference data used for normalization or calibration. There are 5 Traces which can be
stored. These Traces are shared by all 3 Measurement Groups.

Constants are complex constants which are the same for every array point. Constants
such as pi are commonly used in equations. There are 5 user defined constants which are
shared by all 3 Measurement Groups.

Operands have an X axis type (frequency or time) aswell asan X axis (array) length.
The X axistype of the User Function determines the X axis labeling of its display.

In general, the length of a User Function is determined by the length of the longest
operand array. Operations between operand arrays are performed on a point by point
basis, starting at the beginning of each array. Operands of different lengths (400 point
FFT1 and 800 point FFT1 stored in a Trace) can be combined in an User Function. The
math is performed over the longest operand with the shorter operand array being used in
acircular fashion. This usually leads to meaningless results.

M easurement operands (FFT(1), Time(1), etc.) and Traces have an X axistype, either
frequency or time domain. Arrays of frequency data start at the lowest frequency. Arrays
of time data start at time=0. A frequency domain operand (FFT (1)) can be added to a
time domain operand (Time(1)) point by point even though the result is meaningless. The
X axistype of aUser Function is determined by examining its equation from left to right
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and keeping track of domain switching (IFFT and FFT) operations. Operand terms with
an incompatible X axis type have no effect on the function’s X axis type, though the
entire equation is still evaluated.

Constants are simply constant for each point. They also have no effect on the function’s
X axistype. If aUser Function is defined simply in terms of constants (no other
operands), then the X axis type defaults to frequency.

If aUser Function’s X axistype or length is determined by a Trace, then changing the
datain the Trace may change the function’s X axistype or length as well.

Operations
Operands are combined with Operations to define a function.

Arithmetic operations (+, -, X, /) combine operand terms on a point by point basis. It is
the user’ s responsibility to ensure that the operand terms have the correct X axis type and
lengths in order to produce meaningful results.

View operations ( Mag( ), Mag?( ), Phase( ), Real (), Imag() ) simply convert the
complex operand array into the desired form. Mag( ) and Mag?( ) compute the magnitude
(V(x* + y?)) or magnitude squared (x* + y*) with areal result. Phase( ) computes the
phase (tan™( y/x )) unwrapped with areal result. Real( ) simply zeroes the imaginary
part. Imag( ) zeroes the real part.

Conj( ), Ln(), Exp() and Sgrt( ) are defined as follows,

Conj(x +]jy) = X-Jy

Conj(x - jy) = X+jy

Ln(x +jy) = In(r) +j6

Exp(x +jy) = exp(x) « (cos(y) +jsin(y) )
Sart(x +jy) = Vre(cos(6/2)+jsin(6/2))
[X/(1-X)] = (xX+jyI(L-x-jy)

wherer = v (x* + y?) and 8 = tan™( y/x ). Sgrt computes all angles positive from 0. The
[X/(2-X)]( ) operator is generally used on real arguments only.

The jOmega( ) operator issimply jwand zeroes the real part and fills the imaginary part
with the value of w (2rt- frequency) at each point in the array. The frequency is
determined by the span of the operand. A measurement operand (FFT(1) or Time(1))
uses the current frequency span. A Trace operand uses the span of the measurement
which is stored in the Trace. In the Order Analysis measurement group the current RPM
is used to generate the frequency axis.

FFT() isthe windowed FFT operator. These operations switch the X axistype. The
current window chosen in the [Window] menu is used on the operand before the FFT.
FFTu() isthe un-windowed FFT operator. The uniform window is aways used. The
FFT() and FFTu( ) operators do not calibrate their results since their operands are not
necessarily input time records. To use a calibrated FFT, use the measurement operand
FFT(1) or FFT(2).
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IFFT() istheinverse complex FFT operation. This operation switches the X axis type.

d/dx( ) isthe derivative operator. The derivative is performed with respect to the X-axis
bin number, not the x-axis values. For example, to convert d/dx( ) to d/df( ) for alinear
frequency display, divide by the frequency spacing of the bins. In the case where the X-
axisislogarithmic, the function needs to correct for d(logx)/dx. The d/dx( ) operator
requires a smoothing aperture or window.

GrpDly( ) isthe group delay operator. Group delay is simply dé/dw. Use [Display
Options|<d/dx Window> to set the aperture. This operator yields valid results for any
complex operand which has a frequency x-axis.

AWI( ) isthe A-Weighting operator. Thisfilter is a software version of the input A-
Weight filter. BWt( ) and CW1t( ) are the software B-Weighting and C-Weighting
operators. The AWt( ), BWt( ), and CWt( ) operators should only be used on operands
with afreguency x-axis. All three filters conform to ANS| Standard S1.4-1983.

User Function Limits
User Functions and Constants are defined in the [User Math] menu. Only the 5 functions
within the current Measurement Group are available for editing in this menu.

Editing a function which is currently being displayed is alowed. In this case, Traces
which do not contain compatible measurements are not allowed as operands.

User Functions have a maximum length of 31 operators plus operands. User Functions
cannot use another User Function as an operand.
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Signal Inputs

The Input Range on the SR785 varies from a maximum of 34 dBV full scaleto a
minimum of -50 dBV full scale. A signal which exceeds the current input range will
cause the OverLoad indicator to appear at the top of the screen. A signal which exceeds
the maximum safe range (35 dBV pk) will turn on the Hi V indicator and set the range to
34dBV.

The Input Rangeis displayed in dBV. The maximum and minimum range equivalents are
tabulated below.

Max 34 dBVpk
31dBVrms
50.1 Vpk
35.4Vrms

Min  -50dBVpk
-53dBVrms
3.16 mVpk
2.24mVrms

Manual Range
The fixed Input Range is specified in the [Input] menu. Signals that exceed the range will
overload and become distorted. Signals which fall to a small percentage of the range will
lose dynamic range.

Auto Range
The Input Range can be set to automatically correct for signal variations. Use the
[Auto Range Chl] and [Auto Range Ch2] keysto toggle Auto Ranging On and Off.
Specify either Normal or Tracking Auto Range in the [Input] menu.

When Normal Auto Ranging is On and an overload occurs, the Input Rangeisincreased
so that the signal no longer overloads. If the signal decreases, the input range is not
adjusted. Y ou must take care to ensure that the signal does not fall dramatically after
pushing the Input Range to avery (high) insensitive setting.

Tracking Auto Range moves the Input Range up when an overload occurs and down
when the signal falls below half full scale.

Auto Range is always Tracking for swept sine measurements.

Input Noise
Noise measurements in FFT analyzers are usually made using Power Spectral Density
(PSD) units. PSD units simply normalize the amplitude of each frequency bin by the
square root of the linewidth. A window correction factor is also included to compensate
for the bandwidth of the different windows. PSD units have the form Vrms/vHz or
dBVrms/VHz.
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Most noise sources, including the amplifier input noise, are Gaussian in nature. The
amount of noiseis proportional to the square root of the bandwidth in which the noiseis
measured. A noise measurement made using normal units would yield different
amplitudes depending upon the linewidth of the FFT span. By using PSD units, the
measured noise isindependent of linewidth and span.

The input noise of the SR785 inputsis about 10 nVrms/VYHz. The input noise of the
analog to digital (A/D) converter is about 300 nVrms/VHz (referenced to afull scale of
1 Vpk). What does this mean in terms of the FFT noise floor?

For input ranges below -30 dBV (input gain greater than 30 dB), the measured noise
floor is determined by the signal inputs. Thisis because the signal gain (>30) times the
input noise (10 nVrms/VHz) exceeds the input noise of the A/D converter.

For input ranges above -30 dBV (input gain less than 30 dB), the measured noise floor is
determined by the A/D converter. There is not enough gain to amplify the input noise to
alevel greater than the A/D converter itself. The noise floor in this case is 300
nVrms/vHz relative to 1 Vpk or -130 dBpk/vHz relative to full scale.

All of this assumes that the signal input is driven from alow impedance (and noiseless)
source. Remember, resistors have a Johnson noise equal to 0.13xVR nVrms/VHz. Even a
50 Q resistor has almost 1 nVrms/vYHz of noise! A signal source impedance of 6 kQ has a
Johnson noise equal to the SR785' sinput noise. To determine the overall noise of
multiple noise sources, take the square root of the sum of the squares of the individual
noise figures. For example, a6 kQ source impedance has 10 nVrms/VHz of noise. Added
to the input noise, the overall noiseis (10% + 109" or 14 nVrms/vHz.

Input Impedance
The input impedance of the SR785is1 MQ. If ahigher input impedance is desired, then
the SR550 remote preamplifier must be used. The SR550 has an input impedance of
100 MQ and is AC coupled above 1 Hz.

Anti-aliasing Filter
After all of the signal amplification, thereis an anti-aliasing filter. Thisfilter isrequired
by the signal digitization process. According to the Nyquist criterion, signals must be
sampled at afrequency at least twice the highest signal frequency. In this case, the
highest signal frequency is 102.4 kHz and the sampling frequency is 262 kHz so things
are ok. However, no signals above 131 kHz can be allowed to reach the A/D converter.
These signals would violate the Nyquist criterion and be undersampled. The result of this
undersampling is to make these higher frequency signals appear as lower frequenciesin
the digital data stream. Thusasignal at 175 kHz would appear below 102.4 kHz in the
digital data stream and be detected in the spectrum.

To avoid this undersampling, the analog signal isfiltered to remove any signals above
160 kHz (when sampling at 262 kHz, signals above 160 kHz will appear below 102
kHz). Thisfilter hasaflat pass band from DC to 104 kHz so as not to affect
measurements in the operating range of the analyzer. Thefilter rolls off from 104 kHz to
160 kHz and achieves an attenuation above 160 kHz of at least 90 dB. Amplitude
variations and phase shifts due to thisfilter are calibrated out at the factory and do not
affect frequency domain measurements.
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For time domain measurements, the anti-aliasing filter l[imits the rise time of the signal
and causes ringing. To eliminate these effects in the time record, the anti-aliasing filter
can be removed from the signal path. However, the spectrum of this time record may
contain alias frequencies.

A-Weighting Filter
The A-Weighting filter may be inserted after the anti-aliasing filter. The A-Weighting
filter simulates the hearing response of the human ear and is often used with Octave
Analysis measurements. The input A-Weighting filter conformsto ANSI standard S1.4-
1983.

A-, B- and C- Weighting functions are also available as operatorsin User Math
functions.

Input Transducer Units
Transducers (such as accel erometers or microphones) convert a physical quantity (such
as acceleration or pressure) into a voltage at the analyzer’ sinput. By assigning
Transducer Units to an input, measurements based upon the transducer signal may be
displayed in units of the actual physical quantity being measured (such as m/s® or
Pascals).

Transducer Units require atransducer which islinear over the frequency range of
interest.

M easurements of inputs which are assigned units of acceleration, velocity or
displacement may be displayed with any of these three units using Transducer Convert in
the [Display Options] menu.
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Input Connections

Input Connections

In order to achieve the best accuracy for a given measurement, care must be taken to
minimize the various noise sources which can be found in the laboratory. With intrinsic
noise (Johnson noise, 1/f noise or input noise), the signal source must be designed with
these noise sources in mind. These noise sources are present regardless of the input
connections. The effect of noise sources in the laboratory (such as motors, signal
generators, etc.) and the problem of differential grounds between the signal source and
the analyzer can be minimized by careful input connections.

There are two basic methods for connecting a voltage signal to the analyzer - the single-
ended connection is more convenient while the differential connection eliminates
spurious pick-up more effectively.

Single-Ended Connection (A)

In the first method, the analyzer uses the A input in a single-ended mode. The analyzer
detects the signal as the voltage between the center and outer conductors of the A input
only. The analyzer does not force the shield of the A cable to ground, rather itis
internally connected to the analyzer's ground via aresistor. The value of thisresistor is
selected by the user. Float uses 1 MQ and Ground uses 50 Q. This avoids ground loop
problems between the signal source and the analyzer due to differing ground potentials.
The analyzer lets the shield 'quasi-float’ in order to sense the source ground. In generd, if
the source is floating, use a Grounded input. If the source is grounded, use a Floating
input. Do not use a Floating input with a floating source since the shield is simply anoise
antennain this case. Noise pickup on the shield alone will appear as noise to the
analyzer. Common mode noise, which appears on both the center and shield, is rejected
by the common mode rejection (CMR) of the analyzer input, but noise on the shield only
isnot rejected at all.

Differential Connection (A-B)

The second method of connection is the differential mode. The analyzer measures the
voltage difference between the center conductors of the A and B inputs. Bath of the
signal connections are shielded from spurious pick-up. Noise pickup on the shields does
not trangate into signal noise since the shields are ignored. The shieldsin this case are
grounded by 50 Q since they are being used as signal shields.

When using two cables, it isimportant that both cables travel the same path between the
signal source and the analyzer. Specifically, there should not be alarge loop area
enclosed by the two cables. Large loop areas are susceptible to magnetic pickup.

Common Mode Signals

Common mode signals are those signals which appear equally on both center and shield
(A) or both A and B (A-B). With either connection scheme, it isimportant to minimize
both the common mode noise and the common mode signal. If the signal source floats at
anon-zero potential, the signal which appears on both the A and B inputs will not be
perfectly canceled. The common maode rejection ratio (CMRR) specifies the degree of
cancellation. For low frequencies, the CMRR of 90 dB indicates that the common mode
signal is canceled to 1 part in 30,000. Even with aCMRR of 90 dB, a1l V common mode
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signal behaveslike a3 pV differential signal! The CMRR decreases by about 6
dB/octave (20 dB/decade) starting at around 1 kHz.

AC vs DC Coupling
The signal input can be either AC or DC coupled. The AC coupling high passfilter
passes signals above 160 mHz (0.16 Hz) and attenuates signals at lower frequencies. AC
coupling should be used at frequencies above 160 mHz whenever possible. At lower
frequencies, DC coupling is required.

For small signalsit iscommon that the DC offset of the signal exceeds the amplitude of
the AC signal of interest. In this case, the input range may be limited to accommodate the
large DC offset while sacrificing signal to noise in the measurement of the AC signal. If
the signal frequency exceeds 0.16 Hz, use AC coupling if possible.
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Intrinsic (Random) Noise Sources

Random noise finds its way into signalsin a variety of ways. Good test design can
reduce these noise sources and improve the measurement stability and accuracy.

There are avariety of intrinsic noise sources which are present in all electronic signals.
These sources are physical in origin.

Johnson Noise
Every resistor generates a noise voltage across its terminals due to thermal fluctuations
in the electron density within the resistor itself. These fluctuations give rise to an open-
circuit noise voltage,

V noise (FMS) = (4KTRAF)Y?

where k=Boltzmann's constant (1.38x10% J/°K), T is the temperature in °Kelvin
(typically 300°K), R istheresistance in Ohms, and Af is the bandwidth in Hz. Af isthe
bandwidth of the measurement (usually the FFT linewidth).

Shot Noise
Electric current has noise due to the finite nature of the charge carriers. There is always
some non-uniformity in the electron flow which generates noise in the current. This
noiseis called shot noise. This can appear as voltage noise when current is passed
through aresistor. The shot noise or current noise is given by

|noise (rMS) = (2q1AF)M2

where g is the electron charge (1.6x10™ Coulomb), | isthe RMS AC current or DC
current depending upon the circuit, and Af is the bandwidth (usually the FFT linewidth).

1/f Noise
Every 10 Q resistor, no matter what it is made of, has the same Johnson noise. However,
there is excess noise in addition to Johnson noise which arises from fluctuationsin
resistance due to the current flowing through the resistor. For carbon composition
resistors, thisistypicaly 0.1to 3 uV of rms noise per Volt applied across the resistor.
Metal film and wire-wound resistors have about 10 times less noise. This noise has a 1/f
spectrum and makes measurements at low frequencies more difficult.

Other sources of 1/f noise include noise found in vacuum tubes and semiconductors.

Total Noise
All of these noise sources are incoherent. The total random noise is the square root of the
sum of the squares of al the incoherent noise sources. Thus, the largest noise source
easily dominates all othersin determining the noise floor of the measurement.
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External Noise Sources

In addition to the intrinsic noise sources discussed previously, there are a variety of
external noise sources within the laboratory.

Most of these noise sources are asynchronous, i.e. they are not related to the signal and
do not occur at the signal frequency or its harmonics. Examples include lighting fixtures,
motors, cooling units, radios, computer screens, etc. If these noise sources are large, they
can determine the input range and hence the noise floor. They can however be removed
from the FFT spectrum by using triggering and vector averaging. Since the noise signals
are not phase coherent with the trigger and signals of interest, they vector average to
zero.

Some noise sources, however, are related to the signal source and, if picked up in the
signal, will add or subtract from the actual signal and cause errorsin the measurement. A
typical source of synchronous noise is a ground loop between the signal source and the
analyzer.

Many of these noise sources can be minimized with good |aboratory practice and
experiment design. There are several ways in which noise sources are coupled into the
signal path.

Capacitive Coupling
An AC voltage from a nearby piece of apparatus can coupleto asignal path viaastray
capacitance. Although Cg, may be very small, the coupled noise may still be larger than
aweak signal. Thisis especialy damaging if the coupled noise is synchronous with the
signal.

Stray Capacitance
| |
[

|Analyzer Noise
Source
Signal
| Source

Figure Chapter 2 -3 Capacitive Coupling

We can estimate the noise current caused by a stray capacitance by,
i = Cgray dV/dt = (}sﬁgrayVnoise

where w is 2rttimes the noise frequency, V nise IS the noise amplitude, and Cg,y iSthe
stray capacitance.

For example, if the noise source is a power circuit, then f = 60 Hz and Vs = 120 V.
Caray Can be estimated using a parallel plate equivalent capacitor. If the capacitance is
roughly an area of 1 cm? separated by 10 cm, then Caray 15 0.009 pF. The resulting noise
current will be 400 pA (at 60 Hz). This small noise current can be larger than the signal
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current. If the noise sourceis a a higher frequency, the coupled noise will be even
greater.

If the noise sourceis at the signal frequency, then the problem is much worse. Vector
averaging rejects noise at other frequencies, but pick-up at the signal frequency appears
assignal!

Curesfor capacitive noise coupling include:
1) Removing or turning off the noise source.

2) Keeping the noise source far from the signal source (reducing Cgay). DO not
bring the signal cables close to the noise source.

3) Designing the experiment to measure voltages with low impedance (noise
current generates very little voltage).

4) Installing capacitive shielding by placing the signal sourcein ametal box.

Inductive Coupling
An AC current in anearby piece of apparatus can couple to the signal path viaa
magnetic field. A changing current in a nearby circuit gives rise to a changing magnetic
field which induces an emf (d®g/dt) in the loop connecting the signal source to the
analyzer. Thisislike a transformer with the analyzer-source loop as the secondary
winding.

Source

Figure Chapter 2 -4 Inductive Coupling
Curesfor inductively coupled noise include:
1) Removing or turning off the interfering noise source.

2) Reduce the area of the pick-up loop by using twisted pairs or coaxial cables,
or even twisting the 2 coaxial cables used in differential connections.

3) Using magnetic shielding to prevent the magnetic field from crossing the area
of the signal path.

4) Measuring currents, not voltages, from high impedance sources.
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Resistive Coupling (Ground Loops)
Currents flowing through the ground connections can give rise to noise voltages. Thisis
especially a problem with signal frequency ground currents.

Signal

@Source
O

Source

Analyzer

Figure Chapter 2 -5 Resistive Coupling

In thisillustration, the analyzer is measuring the signal relative to a ground far from the
signal source. The analyzer senses the signal plus the voltage due to the noise source's
ground return current passing through the finite resistance of the ground between the
analyzer and the source. The analyzer and the source are grounded at different places
which, in this case, are at different potentials.

Curesfor ground loop problems include:
1) Grounding everything to the same physical paint.
2) Using a heavy ground bus to reduce the resistance of ground connections.

3) Removing sources of large ground currents from the ground bus used for
small signals.

4) Measure the signal relative to the source ground using two cables (A-B). Set
the Input Grounding to Float.

Microphonics
Not all sources of noise are electrical in origin. Mechanical noise can be transated into
electrical noise by microphonic effects. Physical changesin the signal source or cables
(dueto vibrations for example) can result in electrical noise over the entire frequency
range of the analyzer.

For example, consider a coaxial cable connecting a signal source to the analyzer. The
capacitance of the cableisafunction of its geometry. Mechanical vibrationsin the cable
tranglate into a capacitance that variesin time, typically at the vibration frequency. Since
the cable is governed by Q=CV, taking the derivative, we have

CdV/dt +V dC/dt = dQ/dt =i

Mechanical vibrations in the cable which cause a dC/dt will giveriseto acurrent in the
cable. This current affects the measured signal.

Some ways to minimize microphonic signals are:
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1) Eliminate mechanical vibrations near the signal path.
2) Tiedown cables carrying sensitive signals so they do not move.

3) Usealow noise cable that is designed to reduce microphonic effects.

Thermocouple Effects
The emf created by junctions between dissimilar metals can give rise to many microvolts
of slowly varying potentials. This source of noise istypically at very low frequency since
the temperature generally changes slowly. This effect is large on the scale of many
signals (10’ s of pV) and can be a problem for low frequency measurements, especially in
the mHz range.

Some ways to minimize thermocoupl e effects are:
1) Hold the temperature of the signal source or detector constant.
2) Useacompensation junction, i.e. a second junction in reverse polarity which

generates an emf to cancel the thermal potential of the first junction. This
second junction should be held at the same temperature as the first junction.
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Curve Fitting and Synthesis

Often, the frequency response measurements made in the FFT and Swept Sine
measurement groups need to be compared to a theoretical model of the device's behavior.
This comparison isthe job of Curve Fitting and Synthesis. In curve fitting, the analyzer
extracts the best fit parameters of alinear frequency response function from a measured
frequency response function. In Curve Synthesis, the analyzer transforms a set of
frequency response parameters into an SR785 frequency response measurement which
can be compared with the measured data.

Curve Tables
Both curve fitting and curve synthesis use the SR785's two Curve Tables. The curve
tables allow entry and editing of frequency response parameters in one of three formats:
polynomial, pole-zero, and pole residue. Once parameters have been entered into the
curve tables the corresponding frequency response function can be synthesized into a
trace for comparison with measured data.

Polynomial
In this format, the curve table represents a frequency response function as the ratio of
two polynomialsin the complex frequency variable s.

(b,s" +b _,s"™"+..+b,)

Freg.Resp.(s) = Gain[d
o0 Resp.(s) a s"+a_ ,s"+..+a,

The curve tables alow entry of both the numerator and denominator coefficients as well
asthe order of the numerator and denominator polynomials. The curve table also
contains a constant gain factor which multiplies the polynomials.

Pole-Zero

In the pole-zero format, the numerator and denominator polynomials are factored so that
the frequency response curve is described by the ratio of the products of the poles and
zeros. To ensure areal impulse response, all complex poles and zeros only occur in
complex conjugate pairs.

0 (s- Zn)(S—Zn_l)...(S—ZO)

Freg.R . = Gai
re RS = A = ) (5 o)

Pole Residue
In the pole residue format a partial fraction expansion of the pole-zero formis performed
to yield the frequency response as a sum of single pole terms weighted by residues.

P i R R, U
Freq.Resp.(s) = G
reqResp.() amDE(s— |om)+(s—|om_1)+ +(s—pﬁ

Once again, the residues corresponding to complex conjugate pole pairs are complex
conjugates themselves.
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If the order of the numerator in the polynomial representation is equal to or greater than
the order of the denominator polynomial, the Pole-Residue representation will contain an
additional polynomia whose order is the difference between the numerator order and
denominator order. This polynomial is added to the equation shown above. The
coefficients of this extra polynomial cannot be adjusted by the user; use one of the other
representations if thisis necessary.

The SR785 will convert curve parameters between any of these three formats. Results of
curvefitsare always initially presented in pole-zero format although they can aways be
subsequently converted to any format.

Frequency Scale

Often atheoretical model frequency response function will be specified with respect to a
nominal frequency, such as 1 Hz. The curve table contains a frequency scale parameter
to allow such a nominal transfer function to be synthesized to any actual frequency. In
terms of the pole zero representation, the poles and zeros are all multiplied by the scaling
factor before synthesizing the curve. When fitting, after the poles and zeros
corresponding to the measured frequency response function are determined, the values
are all divided by the Frequency Scale factor. For example, if the curve table contains a
pole (s-1), and the frequency scale is 1000, thiswill create apole at 1 kHz when
synthesizing the table.

Delay

The three formats for a frequency response function discussed above cannot model a
pure delay term of the form exp(-sT), where T is the delay time. Because of this, and
because measured frequency response data often includes delay, a delay parameter is
included in the curve table. On synthesis the analyzer multiplies the Frequency Response
function by the delay factor exp(-sT). When fitting, the input data is divided by exp(-sT)
before the curve parameters are calculated. Note that the curve fitter will not fit an
appropriate value of the delay- this value must be supplied by the user.

Trace
The curve table also contains a field which determines which trace will be written to
when the curveis synthesized.

Curve Fitting
Before fitting a measured frequency response function several setup parameters must be
specified. The fit region determines the region of the active display that will befit. The
number of poles and zeros determine the order of the frequency response function which
will be fit to the measured data. The active display must be in the FFT or Swept Sine
measurement group to be fit.

When the user presses Start Fit, the analyzer computes in a single pass, the best fit
parameters for the active display using the Delay and Frequency Scale parameters for
Curve Table 1. These parameters are then placed in curve table 1 in the pole-zero
representation. Finally, Curve Table 1 is synthesized and the synthesized trace is placed
in the non-active display so it can be compared to the original datain the active display.
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Weighting

Because the quality of the measured frequency response function is not uniform over the
entire region to befit, it is sometimes necessary to weight the input data when
performing the fit.

The analyzer can weight the fit in one of three ways. Uniform weighting weights all parts
of the fit region uniformly. Coherence weighting uses the cal culated coherence function
(or normalized variance in the case of swept sine measurements) to weight the data.
Coherence is a measure of the signal to noise ratio of the measured frequency response
function. In regions of high signal to noise, the value of the coherence function will be
near 1. In regions of low signal to noise, the coherence function will be less than 1.
Coherence weighting is not available for Off-Line displays.

User weighting allows the user to specify the weighting function. The analyzer uses
whatever datais found in the real part of the specified weighting trace to determine the
weighting.

Curve Synthesis
The curve table is synthesized when the user presses the Synthesize Table 1 or
Synthesize Table 2 softkeys. The analyzer first looks at the active display to determine
the frequency range over which the synthesis occurs. Then the SR785 calculates the
complex frequency response function corresponding the curve parameters, frequency
scale, delay and gain settings contained in the curve table. These values are placed in the
trace corresponding to the synthesized curve table. Finally, the active display is taken
Off-Line, and the synthesized trace is displayed on the active display.

Synthesisis only allowed when the active display isin the FFT or Swept Sine
measurement group.
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Figure Chapter 3 -1 Front Panel

Power Switch

The power switch islocated on the rear panel. The SR785 is turned on by depressing the

upper half of the power switch. The green power LED on the front panel indicates that
the unit is powered.

The video display may take afew seconds to warm up and become visible. The
brightness is adjusted using the [Brighter] and [Dimmer] buttons below the softkeys. The
firmware revision, serial number, memory size and calibration dates of the unit are
displayed when the power is turned on.

This power on screen may be displayed at any time using [ System]<Show Version>.

Caution

Thisinstrument may be damaged if operated with the LINE VOLTAGE SELECTOR set
for the wrong AC line voltage or if the wrong fuse isinstalled.

Hardware Reset
Turn the power on while holding down the backspace [<-] key and continue to hold
backspace for at least 3 seconds to reset the unit. The unit will perform power on tests
and assume the default settings (including the default remote interface settings).
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Software Reset
<Preset> in the [System] menu resets the instrument to the default settings. Only the
remote interface settings are not changed. All stored data are | ost.

This function requires pressing the [Enter] key to confirm.

Video Display
The monochrome video display is the user interface for data display and front panel
programming operations. The resolution of the display is 800H by 600V .

The brightness is adjusted using the [Brighter] and [Dimmer] buttons bel ow the softkeys.
The contrast is adjusted using [Alt] [Brighter] and [Alt] [Dimmer]. Aswith most video
displays, do not set the brightness higher than necessary. To extend the life of the
display, use the Screen Saver in the [System] <Preferences> menu.

A complete description of the screen display follows later in this chapter.

Keypad
The keypad consists of four groups of hardkeys (keys with printed labels).

Hardkeys are referenced in braces like [Active Display] or [Input].

The ENTRY keys are used to enter numeric parameters which have been highlighted by
a soft key. The MENU keys select amenu of soft keys. Pressing a menu key will change
the menu boxes which are displayed next to the soft keys. Each menu presents a group of
similar or related parameters and functions. The CONTROL keys start and stop data
acquisition, toggle the active display and link parameters and functions. These keys are
not in a menu since they are used frequently and within any menu. The FUNCTION keys
perform common functions such as Auto Scale and Auto Range. These keys can be
accessed at any time.

A complete description of the keys follows.

Softkeys
The SR785 has a menu driven user interface. The MENU keys each display a menu of
softkeys. The softkeys are at the right of the video display and have different functions
depending upon the displayed menu.

Softkeys are referenced in brackets like <Span> or <Units>.

There are three types of softkeys - buttons, lists and numeric values. A button performs a
function, such as <Full Span>. A list presentsalist of choices or optionsin the entry
field (at the top of the screen). Use the knob to make a selection and press [Enter].
<Measurement> is an example of alist. A numeric value presents the current value in the
entry field and awaits numeric entry. Enter a new value with the ENTRY keys and press
[Enter]. <Start Freg> is an example of a numeric value.

A complete description of the menu softkeys follows in the next chapter.
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Knob
The knob normally moves the markers within the displays. If a parameter has been
highlighted by its softkey, the knob adjusts the parameter. Parameters which have alist
of choices are most easily modified with the knob. Numeric entry fields may also be
adjusted with the knob.

Disk Drive

The 3.5" disk driveis used to store data and instrument settings. Double sided, high
density disks (DS/HD) have a capacity of 1.44M bytes and double sided, double density
disks (DS/DD) have a capacity of 720k bytes. The disk format is DOS compatible.

Use the [Disk] menu to format a disk or access disk files.
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Front Panel Connectors

Ch1 Signal Inputs
The Channel 1 A and B inputs are voltage inputs with 1 MQ, 50 pF input impedance.
The Input Coupling is either DC or AC. The Input Mode may be single-ended (A) or
differential (A-B). The A and B connector shields are common and grounded to the
chassisby 1 MQ + 0.01 uF (Float) or 50 Q (Ground). The shields should never exceed
4V,

Do not apply more than £50 V to either input. If the input exceeds +57 V, the input range
will be set to 34 dBV to protect the input from damage and the HighV overload statusis
set. Theinput range can not be changed while HighV is detected.

For two channel measurements such as Frequency Response, Channel 1 isthe reference
input to the device under test.

Ch2 Signal Inputs
The Channel 2 A and B inputs are voltage inputs with 1 MQ, 50 pF input impedance.
The Input Coupling is either DC or AC. The Input Mode may be single-ended (A) or
differential (A-B). The A and B connector shields are common and grounded to the
chassisby 1 MQ + 0.01 uF (Float) or 50 Q (Ground). The shields should never exceed
4V,

Do not apply more than £50 V to either input. If the input exceeds +57 V, the input range
will be set to 34 dBV to protect the input from damage and the HighV overload statusis
set. Theinput range can not be changed while HighV is detected.

For two channel measurements such as Frequency Response, Channel 2 is the response
output from the device under test.

Trigger Input
When the Trigger Source is External or Ext TTL, the Trigger input triggers the
measurement. The input impedance is 1 MQ and the minimum pulse width is 25 ns. The
Trigger Level is adjustable from -5V to +5V with either Positive or Negative Slope. The
minimum trigger amplitude is 100 mV. Thetrigger input should not exceed +5V.

Source Output
The Source can output either Sine, Two Tone, Chirp, Noise or Arbitrary waveforms. The

output impedance islessthan 5 Q and is capable of driving a50 Q load. The output is
ground referenced.

PC Keyboard Connector
AnIBM PC or XT compatible keyboard may be attached to the keyboard connector.
Most keyboards have a switch on the back to select PC/XT or 8088 mode. The SR785
can be controlled from this keyboard according to the table below.

SR785 Dynamic Sgnal Analyzer



Front Panel Connectors 3-7

SR785 keypad
Softkeys
Menu Keys

Function Keys
Control Keys

Number Keys
Knaob (slow)
Knob (fast)
Alt

Enter

PC Keyboard equivalent

F1-F10

Letter shown below the Menu key.
(e.g. A to show the Frequency Menu).

Letter shown below the Function key.
(e.g. Efor AutoScale A).

Alt-1 through Alt-4 (top row)

Alt-5 through Alt-8 (bottom row)

0 through 9

Left and Right arrow

Up and Down arrow

Escape

Enter or Return

The keyboard should only be connected when the power is off.
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Rear Panel Connectors

Verify that the LINI
VOLTAGE SELECT(
d

Figure Chapter 3 -2 Rear Panel

Power Entry Module
The power entry module is used to fuse the AC line, select the line voltage, and block
high frequency noise from entering or exiting the instrument. The SR785 has a
detachable, three-wire power cord for connection to the power source and to protective
ground. The exposed metal parts of the instrument are connected to the outlet ground to
protect against electrical shock. Always use an outlet which has a properly connected
protective ground.

Caution
Thisinstrument may be damaged if operated with the LINE VOLTAGE SELECTOR set
for the wrong AC line voltage or if the wrong fuse isinstalled.

Do not attempt to service or adjust thisinstrument while it is plugged into alive outlet.

Line Voltage Selection

The SR785 operates from a 100V, 120V, 220V, or 240V nominal AC power source
having aline frequency of 50 or 60 Hz. Before connecting the power cord to a power
source, verify that the LINE VOLTAGE SELECTOR card, located in the rear panel fuse
holder, is set so that the correct AC input voltage value is visible.

Conversion to other AC input voltages requires a change in the fuse holder voltage card
position and fuse value. Disconnect the power cord, open the fuse holder cover door and
rotate the fuse-pull lever to remove the fuse. Remove the small printed circuit board and
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select the operating voltage by orienting it so that the desired voltage is visible when
pushed firmly back into its dot. Rotate the fuse-pull lever back into its normal position
and insert the correct fuse into the fuse holder.

Line Fuse
Verify that the correct line fuse isinstalled before connecting the line cord. For
100V/120V, use a1.5 Amp fuse. For 220V/240V, use a 3/4 Amp fuse.

IEEE-488 Connector
The 24 pin IEEE-488 connector allows a host computer to control the SR785 viathe
|IEEE-488 (GPIB) instrument bus. The GPIB Address of the unit is set in the [ System)]
<Remote> menu.

A GPIB plotter with HPGL compatible graphics may be connected to the IEEE-488 port.
In this case, the SR785 will control the plotter to generate plots of the display graphs.
Select GPIB as the Output Destination and set the Plotter Address and Typein the
[Output] menu.

Serial RS232 Connector
The RS232 interface connector is configured as a DCE (transmit on pin 3, receive on pin
2). The Baud Rate, Parity, and Word Length are set in the [ Setup] <Remote> menu. To
connect the SR785 to a PC serial adapter, which isusualy a DTE, use a straight through
serial cable.

A serial plotter or printer may be connected to the RS232 port. Select the Serial interface
as the Output Destination and choose the Printer or Plotter Type in the [Output] menu.

Parallel Printer Connector
Attach aparallél printer to the Printer port. Use a standard printer cable. Select the
Centronics printer interface as the Output Destination and choose the Printer Type in the
[Output] menu.

Preamp Connector
This9 pin ‘D’ connector provides power and control signalsto external preamplifiers
such as the SR550 and SR552. The power connections are described bel ow.

Pin Voltage

+20V

+5V

-20V

Signal Ground
Ground

O~NON P

Using SRS Preamps
When using either the SR550 or SR552, connect the power cable (standard 9 pin D
connectors) from the preamp to the rear panel Preamp connector. Use BNC cables to
connect the A output from the preamp to the A input of either channel on the SR785. The
B output from the preamp (preamp ground) may be connected to the B input on the
SR785. In this case, use A-B as the Input Mode. Be sure to twist the A and B cables
together to reduce noise pick-up.
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The SR550 and SR552 are AC coupled above 1 Hz. Do not use either preamp to
measure signals below 1 Hz!

The SR785 does not compensate for the gain of the preamp. Both preamps
operate at their highest gain. Measurements made by the SR785 need to be divided by
the gain of the preamp. The SR550 has again of 10 and the SR552 has a gain of 100.

Tachometer Input
Attach atachometer to the rear panel tachometer input to synchronize the SR785to a
rotating machine for order tracking measurements or to trigger a measurment using RPM
arming. Parameters relating to the tachometer input are set in the [Input]<Tach Input>
Submenu.

Start Input
This TTL input provides a means of remotely starting a measurement. A TTL rising edge
at thisinput is equivalent to pressing the [ Start/Reset]
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Figure Chapter 3 -3 Dual Display Screen
Horizontal Scale

Displays
There are two displays, labeled Display A and Display B. Each display consists of a data
graph, vertical scale bar, horizontal scale bar and marker position bar.

Each display has an associated measurement. The displays may have different
measurements, such as spectrum and time record, different views, such as magnitude and
phase, and so on. Many instrument parameters are set independently for each display.

The display format is selected in the [Display Options] menu.

The display shown above is the Dual display format. The [Active Display] key toggles
between the two displays. Display A is always on top.
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Figure Chapter 3 -4 Overlay Display Screen

The Overlay display format is shown above. The measurement of the inactive display is
shown in half-intensity. The Single display format is similar but the inactive display is
not shown at all.

Data Graph
Datais normally graphed with signal amplitude on the Y axis and frequency or time on
the X axis. The physical size of the graph remains constant while the vertical and
horizontal scales may be changed. The graph area has a dotted grid for reference. There
are 10 horizontal divisions and either 8, 10, 12 or 15 vertical divisions. The horizontal
span is determined by the measurement span or time. The display normally shows the
entire measurement span. The X axis may be expanded (Zoom) and translated (Pan) to
display less than the full measurement span. This expansion does not change the
measurement span or time, it merely changes the display of the data.

Half Intensity Data Graph
Unsettled measurement datais graphed in half intensity. Once the measurement becomes
settled, the graph returnsto full intensity.

FFT and Octave measurements are unsettled when the frequency span or resolution is
changed and when the input signal path is changed (gain, filters, etc.). The measurement
is not settled again until the discontinuity in the input data has propagated through the
digital filtersand, for FFT’s, a complete new time record has been acquired.

FFT measurements running with a Time Record Increment less than 100% (overlapped
time records) display unsettled measurements in half intensity.
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Octave measurements show unsettled octave binsin half intensity. Each octave binis
displayed in half intensity until it is settled. The settling time of each bin isrelated to the
1/(center frequency) and the lowest bins take the longest time to settle.

Vertical Scale Bar
Display Label and Type

A Live
4 Y Max Top Reference
dBinisp
No Anti-Alias Filter Warning \\ 2 Y/Div Vertical Scale
dBidi

Limit Test Result |-— Egs‘:’&‘ FED

wf 100
Waterfall Storage Count ’/ -160
dBinispk

Chapter 3 -5 Vertical Scale Bar
The Vertical Scale Bar is at the left of the data graph for each display.

The display name, either ‘A’ or ‘B’ isat the top left corner. The display type (Live,
Done, Off-Line or Preview) is next to the display name. ‘Live’ indicates that the display
is showing live measurement results from either the inputs or from capture. 'Done
indicates that the display is showing a completed measurement. An ‘ Off-Line’ display is
showing a‘frozen’ measurement. A display is Off-Line whenever datais recalled to the
display from a Trace or from disk. ‘ Preview’ only occurs when Average Preview is On
and indicates that the display is showing a preview time record and is waiting for accept
or reject.

TheY Max and Y Min reference values are shown along the right edge. Y Max isthe top
reference and Y Min isthe bottom. The vertical scale per division is shown between Y
Max and Y Min. The units and scale/division are selected in the [Display Setup] menu.

The No Anti-Aliasing Filter warning is shown if any measurement input has its anti-
aliasing filter off. Measurements made without the anti-aliasing filter may contain aias
signals with frequencies above 102.4 kHz.

The Limit Test Result, either ‘Pass’ or ‘Fail’ isdisplayed if limit testing ison for this
display.

The Waterfall Storage Count shows how many measurement records are currently stored
in the waterfall buffer. This count is not displayed when Waterfall Storage is Off.
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Horizontal Scale Bar
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Figure Chapter 3 -6 Horizontal Scale Bar
The Horizontal Scale Bar is directly below the data graph.

When displaying spectral measurements with no horizontal expansion, these values are
the Start, Center and Stop frequencies of the measurement. The start and stop
frequencies can be displayed in RPM instead of Hz using the RPM frequency softkey.
When displaying time records, these values are the Start and End of the time record.

Below the X-Axis labels, the measurement, view, window and averaging are shown.
These parameters may be different for each display.

The Average Count shows the number of measurements averaged so far (up to the
programmed Number of Averages). ‘ Settle’ is shown when the displayed measurement is
not settled and is not added to the average. ‘Reject’ is shown when the Overload Reject
is On and a measurement is not included in the average due to input overload.

For Swept Sine measurements, the estimated Sweep Time is displayed instead of the
Average Count. Thisis the time to complete a sweep when no auto functions are selected
(no Source Auto Level, no Auto Range, no Auto Resolution). This Sweep Timeis simply
the sum of the Settle and Integrate times for all pointsin the sweep.

To horizontally expand a graph, use <Pan> and <Zoom> in the [Display Setup] menu.
When the display is expanded on the horizontal axis, the graph |abels reflect the
displayed data, not the actual measurement span or time. Expanded displays show the
‘Expand’ indicator.
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Figure Chapter 3 -7 Marker Region

The Marker Region is the graph region between the two solid vertical marker lines. The
Marker Region Width may be set to 1 division (Wide), /2 division (Normal), or asingle
vertical line (Spot). The Marker Region is associated with the display and does not
change with graph scaling. The Marker is the small square within the Marker Region.
The Marker finds the Minimum, Maximum, or Mean of the datain the Marker Region.
When seeking Min or Max, the Marker islocated at the position of the minimum or
maximum. This allows peaks and valleys in the data to be found easily. When seeking
the Mean, the X position of the Marker is at the center of the Marker Region and the Y
position is the mean of the data within the region. When a Spot Marker Region is used,
the Marker is confined to asingle X location. Use the [Marker] menu to configure the
Marker for each display.

The Marker position is shown in the Marker Position Bar above the graph.

Use the knob to move the marker in the active display. The knob always moves the
marker unless a menu softkey has been pressed and an entry field is displayed at the top
of the screen.

To move the marker to the next "peak” in the display, press [Enter] and move the knob.
The marker will move to the next peak in the display in the direction of the knob turn If
no peaks are found, the marker will remain in the same position.

Marker Position Bar

E 10.24 kHz -6.021 dBVpk

Frequency, Time or Bin Data value of Marker

Number of Marker
Figure Chapter 3 -8 Marker Position Bar

The Marker Position Bar is displayed above each graph.

Thefirst value is the marker frequency, time or bin number. If the display is awaterfall,
the waterfall record number is also shown.
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The second value isth