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This is the manual for VIRTINSMulti-Instrument. It contains manuals for:
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=2 =448 -4-5_-95_49_45_°._-2

If you have only purchased a subset of the full functions, then only the relevant
portions of this document are applicable.

Note: VIRTINS TECHNOLOGY reserves the right to make modifications to this manual at any time without notice.
This manual may contain typographical errors.
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1 Introduction
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VIRTINSM Multi-Instrument is a powerful mufunction virtual instrument software.

It is a professional tool for time, frequendyne-frequencyand modulatiordomain
analyss. It supports a variety of hardware ranging from sound cards which are
available in almost altomputers to proprietary ADC and DAC hardware such as NI
DAQmx cards, VT DSO, VT RTAVT IEPE, VT CAMP, RTX6001and so on. It
consists of the following instruments and functions.

(1) Dual-channel Oscilloscope

It provides five types of views:

Real time wavierm of Channel A and Channel B

Real time waveform of Channel A + Channel B

Real time waveform of Channel AChannel B

Real time waveform of Channel3AChannel B

Real time Lissajous Pattern for Channel A and Channel B

= =4 =4 -8 -2

Statistical data such as Maximumjiinum, Mean Root Mean SquarRMS),
Skewness and Kurtosislues are also calculated and displayeBach frame of
data is time stamped witim accuracyof 1 ms and the time stamp is shown at the
lower left corner of the Oscilloscope view.
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The acquird signal can béenter-frame averagedsynchronouy averaged), time
aligned, demodulated (AM, FM, PM), DC removed, hatave or fullwave
rectified, and digitally filtered before any other analyses. The typesgdgld
filters supported areLow Pass, Hig Pass, Band Pas€8and Stop and Arbitrary
The class of the filter can be FFT, FIR or IIRReverberation, speech
intelligibility, waveform discontinuity step responseecho, damping ratio
analyses are supported.

The displayed waveform can be playedtput) or cyclically played (output) via

the default computer sound card, if the sampling rate and bit resolution of the

waveform is compatible with.

The Oscilloscope also providesRecordMode which can be used to record data
to the hard disk contuously until the recording process is stopped manually or 2
gigabytes of data la been recorded, whichever is earlier. The display of the
Oscilloscope can also work Roll Mode, with which the screen witle updatel

in real time even if the sweep tinelong.

The Oscilloscope can perform waveform conversion among acceleration, velocity

and displacement when acceleration, velocity or displacement sensors are used.

The Oscilloscope can display both analog and digital signals in one window and

thus canbe used as a MSO (Mixed Signal Oscilloscope) when used with a
hardware MSO.

The Oscilloscope supports digital persistence display mode, Equivalent Time
Sampling (ETS) mode&INC interpolation between samples.

(2) Dual-channel Spectrum Analyzer

It providesseven types of views:

1 Real time AmplitudeSpectrum/ Power Spectrum Density Impedance
Spectrum

1 Real time Phase Spectrum

1 Real time Auto Correlation Functidhinear or Circular)

1

Real time Cross Correlation Functioflinear or Circulay Original or
Generaked)

Real time CoherendeNon-Coherencé-unction

Real time Transfer Function (Bode Rl#irequency Responser Gain and
Phase Plot) Impedance Analyzer

1 Real time Impulse Response

T
T

with adjustable FFT size ranging from 128 to 4194304, adjustable window
overlap percentage (0%~9%), and69 selectable window functions suds
Rectangle, Triangle, HapmHamming, Blackman, Kaiser and so on. It supports
display in logarithmic scale for both X axis and Y axis (dBr, dBV, dBu, dBFS,
dB), octave analysis (1/1,/3, 1/6, 1/12, 1/24, 1/48, 1/96), frequency
compensation, frequency weighting (flat, A weighting, B weighting, C weighting,
ITU-R 468 weighting), moving average smoothifigear or 1/1~1/96 octave)
DC removal, peak hold, linear average, exponential geeraross power

www.virtins.com 15 Copyright ©2006-2025 Virtins Technology



VIRTINS' Multi-Instrument 3.9.6 Manual @Virtins Technology

spectrum vector aver awrage ) (andc pacameter cor r el
measurements (THD, THD+N, SINAD, SNR, Noise Level, MMPTE/DIN,

IMD-CCIR2, IMD-CCIF3, DIM, Crosstalk, Bandwidth, Harmonics, Peaks,

Energy in user defined frequency bantiéow & Flutter, Sound Loudness&

Sharpness Total NorCoherent Distortion+ Noise® GedLee Metri¢c Total

Distortion + NoiseNoise Rating & Noise Criteriground Intensity etc.

(3) Dual-channel Signal Generator (Sweep/Arbitrary/Function/Burst Generator)

It provides the following types of waveforms/tones:

Sine

Rectangle (with adjustabtiuty cycle)

Triangle

Saw Tooth

White Noise

Pink Noise

Multi-Tones

Arbitrary waveform via useconfigurable waveform library (WFLibrary)
Maximum Length Sequence (MLS), with adjustable length (127~16777215)
Dual Tone MultiFrequency (DTMF)

Unit Impulse

Unit Step

Musical Scale

Wave File (*.WAYV)

= =2 -0_5_9_9_45_42_49_2_2_-2°_-2._-2-

at either a fixed frequency, or a frequency that sweeps linearly or logarithmically
within a specified frequency range and time duration.

The output signal can be looped back patrtially (i.e. only one channel \uhile t
other channel can be used for field input) or fully (i.e. both channels), via the
software itself, to the input of the Oscilloscope for display and analysis in real
time. Synchronized operation between the Signal Generator and the Oscilloscope
with atiming accuracy in the same order of the sampling frequency is supported.
Amplitude sweeping, burst signal generation, output signal fade irdodt
modulation (AM, FM, PM)are also supportedn addition to the streaming mode,

the software supports DDS (f@ct Digital Synthesis) mode when the hardware
used supports DDS.

(4) Dual-channel Multimeter

It provides the following types of digital displays:
RMS

dBV

dBu

dB

dB(A)

dB(2)

dB(C)

Frequency Counter

=4 =4 =4 -8 _98_9_95_-2°
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RPM (Revolutions Per Minute)

Counter

Duty Cycle

F/V (Frequery Voltage Conversion)

Cycle RMS

Cycle Mean

Pulse Width

Vibrometer (RMS, Peak/PP, Crest Factor values for acceleration, velocity and
displacement)

=4 =4 =8 -8 _48_9_°5_2

The above items from Frequency Counter to Pulse Width involve a pulse counting
process, and the softwareaalls you to configure the counter trigger level and
trigger hysteresis in order tshapethe analog signal to rectangular pulses before
counting. It also allows you to specify the frequency dividing rattithe counter.
Modulation domain analysis is perfoed during thicountingprocess taneasure

jitter statistics

(5) Dual-channel Data Logger

It provides long ime data logging function fo254 Derived Data Points (DDP)

and 16 User Defined Data Points (UDDP), including RMS value, Peak Frequency,
Sound Presure Level, RPM, THD, etc. Up t8 data logger windows can be
opened and each window can trace up to 8 variables. The logged data files can be
reloaded into the data logger for review.

Three logging methods are supported: Fastest (i.e. take one recorevehaew

data are available), Time Interval (i.e. take one record whenever new data are
available and the specified time duration has elapsed since the last update),
Update Threshold (i.e. take one record whenever new data are available and the
change compared with the last update exceeds the specified update threshold).

(6) Dual channel Spectrum 3D Plot

It is used to trace the spectrum variation with time. Two types of plots are
provided:
1 Waterfall, withanadjustable tilt angle of T axianadjustable hgiht of Y axis,
and selectable color palettes.
1 Spectrogram, with selectable color paletied a smoothing option

The Spectrum 3D Plot can be generated by multiple frames of dataf(émter
Mode) or one single frame of data (Inframe Mode). The forer supports Short
Time Fourier Transform (STFT) only while the latter supports both STFT and
Cumulative Spectral Decay (CSD).

(7) Device Test Plan
Device Test Plan provides a mechanism for you to configure and conduct your

own device test steps. It take t he advantage of t he
ADC/ DAC hardwar eds) capability of sim
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stimulus to the Device Under Test (DUT) and acquire the response from that
device at the same time. Different stimuli can be gengrael the response can

be analyzed in different ways. The DUT can be marked as Pass or Fail after a
sequence of test steps and a test report can be tghebBevice Test Plan
supports30 instructions with corresponding parameters. Test results (e.g.v&ain
Frequency, Phase vs Frequency, etc.) can be plotted in up t¥ @lots and
reported in one textual log window in real time. Device Test Plan supports
connection with external systems through serial communication.

Device Test Plan can also be usedp&sform other functions such as data file
batch processing, batch signal event capturing and storing, etc.

(8) LCR Meter

It is used to measure the value of an inductor, a capaaitoesistor, or the
impedance of a network of them. Two types of externaheotions are supported:
1 Serial connection for high impedance measurement

1 Parallel connection for low impedance measurement

(9) Derived Data Point (DDP) Viewer

It is used to display the value of a DDP (Derived Data Point) in a dedicated window

with abigger bnt size. Itis posbil e t o s p e c i thigh, high,dow,Do¥P6s hi gl
low limits for alarming. Different alarm sounds can be configured for different types

of alarms. Alarm acknolwdgement is supported. Up 8 DDP viewers can be

opened.

DDP viewer @n also be used to define and disptayDDP (User Defined Data
Points).Various math functionsan be used ithe mathematical expression defining
the UDDP

A DDP array viewer is also praled It can be used to display a repodnsisting of
multiple DDPsor DDP arrays The supportedeportsinclude

Harmonic Frequencies, RMS, Phases

Octave Bands, RMS

Peak Frequencies, RMS, Phases

Frequency Bands, RMS

Reverberation / Speech Intelligibili{{t/1 Octave)
Reverberation / Speech Intelligibili{t/3 Octae)

= =4 -8 -8 -9 -9

(10) Derived Data Curve (DDC)

It is used toderive adedicateddata curve fronone or multiple frames of sampled
data anddisplayit in a dedicated graph window. Up to 8 DD@ndows can be
opened.Thesupported DDCs include:

1 Energy Time Curve (Logquare)
1 Energy Time Curve (Envelop)
1 Energy Time Curve (dBSPL)
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Impulse Response Schroeder Integration Curve

Step Respons@urve(via Impulse Response Integratjon

Frequency Time Curv@emodulated)

X-Y Plot

Shock Response SpectriAbsolute Acceleration, Rela®Nelocity, Relative
Displacement, Pseudo Velocity, Equivalent Static Acceleration)
Frequency Time Curve (Timed)

RPM Time Curve

Spectrum Analysis on Selection

= =4 =4 -8 -

= =4 =

The above instruments (1)~(6) are basic instruments and can run simultaneously,
while (7) and (8 ride on the top of the basic instruments and require the cooperation
of some or all the basic instruments to achieve the specified functions.

A/D and D/A

For a basic configuration, the sound card is used as the signal input and output device
and no adiional A/D and D/A hardware is required. The sampling frequency
depends on the capability of the sound card. The software allows you to select a
sampling frequency of up 68kHz and a sampling bit resolution of 8 bits, 16 bits or

24 bits, as long as ¢ly are supported by the sound card used. Both the sound card
MME driver (Windows default) and the sound card ASIO driver (often used in Pro
Audio, ASIO is a trademark and software of Steinberg Media Technologies ombH
are supported by the software.

The software is able to interface to other ADC and DAC hardware based on the
standard data acquisition software interface specification (viDag@d vtDAG')
developed by Virtins Technology. In this case, the sampling capability is determined
by the respectivehardware. The ADC and DAC hardware can be selected
independently in the software. For example, you can run a DSO (Digital Storage
Oscilloscope) hardware for ADC aadsound card for DAC simultaneously.

Triggering
The software supports both softwargder and hardware trigger.

For sound card based data acquisition, it is possible to specify a software trigger
condition for collecting a frame of data. A negative or positive trigger delay can be
specified so that collecting data can be started befoedter the trigger event. The
software features a specially designed data acquisition approach which is able to
monitor the input signal continuously without missing any trigger event, before a
frame of data is collected into the PC memory after thedriggent is found. This
makes the software suitable for transient signal recording. Both level triggering and
differential triggering are supported.

Calibration
For sound card based data acquisition, the software supports the calibration of input

and ouput channels so that absolute values in engineering units can be used for
display, analysis or export. It is able to take into account the change of the sound card
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internal gain setting(e.g. Mic gain, Mic Boost, Line In gain) automaticafly that
the cdibration will not chang with thesegain settingslt also allows accounting for
the external attenuation ratio if an external attenuation circuit is used.

Graph Operation

Zooming and Scrolling is supported in all graphs, enabling you to investigafmé
details of the data. This is very important when a large amount of data are displayed
on one screen.

A cursor reader is provided in each graph to show the x and y readings of the actual
measurement point. For Spectrum 3D Plot, the cursor reagports the readout of x,
y, t values of the actual measurement point.

Two markers are provided in each graph to get the x and y readings of the actual
measurement points nearest (in horizontal direction) to the points of the mouse clicks.
The differencs in the readings of the two markers are also displayed.

Five chart types are supported: Line, Scatter, Column, Bar, and Step. Line width and
colors of the graph are configurable. Options are provided to either display all data
points (slow) or only didpy one data points per vertical raster line (fast).

The data in any graph can be copied into the clipboard as text and lateripgste
other software such as Microsoft Excel for further analysis. The image of the graph
can be copied into the clipboaad Bitmap image and later pastato other software
such as Microsoft Word.

Reference Curves

Up to five reference curves can be set for each channel in each graph. The reference
curve can be configured by either copying the current curve, or loadprgperly
formatted text file or a previously saved reference file from the hard disk. The
reference curves can be defined as #higgh, high, low, lowlow limits for the real

time curves, and the alarm statuses can be obtained through the respective DDPs

File Import and Export

The collected frame of data can be saved as a wave file (*.wav) or exported as a text
file (*.txt). All analysis results can be exported as text files (*.txt). All graphs can be
exported as bitmap files (*.bmp) or printed outedily. A long wave file can be
imported frame by frame either manually or automatically.

Wave files with PCM format or properly formatted text dilean be imported for
analysis. The signal generated by the Signal Generator can be saved as a wave file
(*.wav) or a text file (*.txt) for a given duration of up to 1000 seconds as long as the
spare space on the hard disk is sufficient. The saved files can be in turn imported for
display and analysis or used by other software.

Data Merging and Extraction

www.virtins.com 20 Copyright ©2006-2025 Virtins Technology



VIRTINS' Multi-Instrument 3.9.6 Manual @Virtins Technology

Conmbining data from individual channels of different wave files and extracting part of
data from a wave file are supported.

Save/Load, Lock/Unlock Panel Setting

You can savehe curreninstrument panel setting either as default or as a customized
panel sding for later use. You can configure up to 20 most frequently used panel
settings in the Hot Panel Setting Toolbar so that these settings can be loaded by just a
single mouse click. You can also lock the panel setting so that only authorized users
can unbck it and then modify the setting.

Controls/Options Enabling and Disabling

Graphical User Interface items such as menu items, lsuttomboboxes edit boxes
radio huttons checlboxes are enabled/disabled based on context, so as to void any
mis-undersanding and mi®peration.

Displayed Precision for Numerical Values

The precsion (decimal places) of the numerical values displayed on the screen are
automatically adjusted based on the precision of their sources.

Multilinqual User Interface

The sofware supports Multilingual User Interface under Windows 2000, XP, 2003,
Vista, 7, 8, 8.1, 10 11 and aboveThe arrently supported languages are English,
French, German, Italian, Portuguese, Spanish, Russian, Simplified Chinese,
Traditional Chinese, Japase and Korean.

Function Allocation in Different Lichese Levels

A complete Multiinstrument software package consists of basic anebaddodules

with all features in each of them. The basic modules include Oscilloscope, Spectrum
Analyzer, Signal Gemator, Multimeter, Derived Data Point Viewer, Derived Data
Curve and General Functions. The adid modules include Spectrum 3D Plot, Data
Logger, LCR Meter, Device Test Plan, VibrometerdDedicated Hardware Support.

There are six license levels tocass the basic modules: Sound Card Oscilloscope,
Sound Card Spectrum Analyzer, Sound Card Signal Generator;INgiliiment Lite,
Multi-Instrument Standardind Multi-Instrument Pro. The ald-on modulesneed to

be purchased separately. They can onlywith Multi-Instrument Lite, Standardy

Pro, except that Vibrometer can only rurtwiMulti-Instrument Standard étro. The
following table shows the function allocation among different license levlisase
note that a license of Multhstrument FullPackage contains Multhstrument Pro
and all adebn modules.
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Legend:O- Function available * - Function availablén Multi-InstrumentFull Packageonly

Sound Card Sound Sound Multi- Multi- Multi -
Oscilloscope| Card Card Instrument | Instrument Instrument
Spectrum | Signal Lite Standard Pro
Analyzer | Generator
General Functions
O Sound Card MME | & 6} o) o) ] 0
= Sound Card ASIO o)
o | Other Hardware o) o} o]
g ViDAQ, VtDAO | License automatically activated with theepence of the corresponding hardware, e.
8 ?6 software USB hardkey or a VT DSO.
< I | development kit
Load WAV File e} e} o) o) 0 0
Load TXT File 0 0
Load WAV File 0 0
c Frame by Frame
£ (fore Long WAV
S | File)
§ | Combine WAV | O o 0 0 0 0
P Files
T Extract Data and O [6) o) o) o} o)
save hem into a
new WAV File
Save/Load  Pand o) ¢ o) o) o)
Setting
Copy Text to|® /6) o} o} 0 0
- Clipboard
S Copy BMP to]0 6} 6 6 0 o
. Clipboard
g | Print Preview 6} e} o) o) 0 0
S [ Print ¢} ) o) ¢ 0 0
Export as TXT File | & 6} 6 o) 0 0
Export as BMFFile | & o) ) ) ] 0
Trigger Mode [6) o) o) ] o)
% Trigger Source o) ¢} ¢} o) ]
£ | Trigger Edge 6} e} o) 0 0
o | Trigger Level 6} ¢} ¢} o) ]
© | Trigger Delay 6} o o) 0 0
2 | High Frequency O o) o) o) o)
= Rejection
Noise Rejection ) [6) o] ] 0
Sanpling Rate [6) [6) @) @) 0 @)
2 | Sampling Channels| & o) 0] O o) 0
s 2| Sampling Bit| & 6} 6 0 0 0
E 2| Resolution
N D[ Record Length o) o 0 0 [}
Input [6) @) (@) ¢} @)
Output o) o) @]
Probe 6 o) 0 0 0
5 Sound Pressur{ © ) o) o) o)
b= Level
S | FIV Conversion o) 0
8 | Latency for Sync. 0
Output/Input
Sensor Sensitivity | & o) ) ] 0]
Load Factor for| © [6) o) o) o)
Power Calculation
< | Zoom [6) @) 0O ) ¢} @)
< % Scroll 0 0 o) 0 0 0
& & | Cursor Reader [6) 6} 0O 0 ¢} ]
o &1 Marker o) o) o) o) o] o]
Chart Type /o) o) o) o) 0 0
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Sound Card Sound Sound Multi- Multi- Multi-
Oscilloscope| Card Card Instrument | Instrument Instrument
Spectrum | Signal Lite Standard Pro
Analyzer | Generator
Line Width 6 0 o) o) 6 0
Color ¢} 0 0 0 0 0
Fast/Slow Display] & /) o) o) o) o)
Mode
Refresh Delay o) o) (o) (o) 0 0
Font Size e} o) o] o] 0 0
Roll Mode 0 ]
Reference Curves & 0 0
Limits
Gain Adjustment [0 ) ¢ 0O 0] )
Input Peak Indicator] & ) 6] 0] O 0
Sound Card & o 0 0 0 0
Selection
Sampling Paramete| & /o) o) o) 0 0
Auto Setting
Multiingual GUIs | & [} ¢} ¢ 0 ]
» | Show/Hide Toolbar | & e} o) o) 0 0
@ [ Lock/Unlock Panel & 0 o) f6) o) 0
o Setting
Hot Panel Setting & ) 6] o) o] 6
Toolbar
ActiveX 6 o} 0 0 0 0
Automation Server
AutoRanging e} 6} o) o) [} 0
AutoScaling ¢} [} ¢ 0 0
Input Channel| & o) o) 0 0
Operation
Oscilloscope
Individual 0 0 0 0 0 0
Waveform (offline)
Waveform 6} o) 0 0 0 0
Addition (offline)
L | waveform 6 o) o} 0 0 0
£ | Subtraction (offline)
Waveform 6} o) 6 o) o} 0
Multiplic ation (offline)
Lissajous Pattern | © o) o) o) 0 0
(offline)
o o| Linear Average 0 0
==
S 3
g - R :
@ o| Exponential @) O
€ a | Average
0 0
| Time Delay
gg Removal
— L
AM 0 0
c | FM 0 0
S
‘—gg PM o} o
8%
:
Qo<
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Sound Card Sound Sound Multi- Multi- Multi-
Oscilloscope| Card Card Instrument | Instrument Instrument
Spectrum | Signal Lite Standard Pro
Analyzer | Generator
Remove DC o] 0
Rectification 0 0
_| FFT Low Pass ] 0
2| FFT High Pass o) o)
> ﬁ FFT Band Pass 6! 0
S 9| FFT Band Stop o) o)
2 @ | FFT Frequency 6 o]
& 2| Response
£ &| FIR Low Pass 0] 0
8 '§| FIR High Pass o 0
£ | FIR Band Pass 0 0
~| FIR Band Stop o] 0
FIR Frequency o) 0
Response
lIR Coefficients ¢} 0
. | Reverberation / 0
5 @©| Speech
‘5% Intelligibility
E% Discontinuity 0
& 8| Step Response o
=| Echo *
Damping Ratio *
Max, Min, Mean,| O 6} e} 0 0 0
RMS,  Skewness (offline)
Kurtosis
Record Mode ¢} 0
Persistence Displaj & [6) 0 0 0
8 Mode
g Equivalent  Time| ® 6} o) o} 0
Sampling Mode
Analog & Digital 6 o) 0
Signal Mixed
Display
SINC Interpdation | & /6) o} 0 0 0
Spectrum Analyzer
Amplitude 6} 0 0 0
Spectrum / Power
Spectrum Density/
Impedance
Spectrum
Phase Spectrum [} ¢ 0 ]
Auto-correlation o} o} 0 0
(Linear/Circular)
g [ Crosscorrelation ¢} 6 o) 0
£ | (Linear/Circular)
(Original
/Generalized)
CoherenciNon- 6
Coherence
Transfer Functior 0
Impedance
Analyzer
Impulse Response @]
Frequency o) 0 0 0
dsg Compensation _ _ i ~
£ @ | Frequency (0] O O (0]
— W | Weighting
Remove DC [} ¢ 0 0
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Sound Card Sound Sound Multi- Multi- Multi -
Oscilloscope| Card Card Instrument | Instrument Instrument
Spectrum | Signal Lite Standard Pro
Analyzer | Generator
Smoothing via /o) o) 0 o]
Moving Average
(Linear/Octave)
= | PeakHold o) 0 0] 0
c
ﬁ Linear Average o} 0 0 0
(8}
o
@ | Exponential 6} 0 0 0
g Average
8 Cross Correlatior o) (o) 0 0
4 Average
2 (Cross Power
= Spectrum  Vector
Average)
THD,THD+N,SNR, (o) 6 6 (o)
SINAD,Noise
Level, ENOB
IMD/DIM o 0 0 0
Bandwidth e} o) ] 0
Crosstalk 6} o) 0 0
Harmonics& Phase e} o) 0 0
2 | Energy in User ¢} 0 0 0
£ | Defined Frequency
o Band
@ Peak  Detection 0 o) & e}
o) SFDR TD+N
% Wow & Flutter *
£ | Sound Loudness 6}
= Sound Loudnes; o)
bt Level
& | Sound Sharpness 0
Sound Articulation 0
Index
Noise Rating & o)
Criterion
Total NonCoherent o
Distortion + Noise
GedLee Metric 6
Sound Intensity *
FFT Size o (o) o) o
128~32768
FFT Size 0
E 65536~4194304
o Intra-Frame 6} 0 0 0
Average
Window function /) o) o) )
Window Overlap ¢} ¢} 0 0
Octave  Analysis [6) o) o) o)
” (172, 1/3, 1/6, 1/12
o 1/24, 1/48, 1/96)
g Linear / Log Scale o) 0 0 0
for X and Y
Peak Marker Label o) o} 0 0
Signal Generator
c [ Sine o o) o] 0
5 | Rectangle 0 0 0 0
"0;3 Triangle e} e} o o)
g Saw Tooth 6} o) ] 0
White Noise o} o} 0 0
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Sound Card Sound Sound Multi- Multi- Multi -
Oscilloscope| Card Card Instrument | Instrument Instrument
Spectrum | Signal Lite Standard Pro
Analyzer | Generator
Pink Noise 6} o) 0 0
MultiTones o) o) o] o)
Arbitrary Waveform ¢} o) 0 ]
MLS o) o) 0 0
DTMF ¢} 0 0 0
Musical Scale o) o) o] O
Wave File 0 ]
Play Waveform in| & /o) o) o) 0 o]
Oscilloscope
Cyclic Play | & 6} ¢} 0 0 ®
Waveform in
Oscilloscope
Frequency Sweep o) o) 0 0
(Linear/Log)
o | Amplitude Sweep 6 0 0 0
o (Linear/Log) _ _ _ _
= Forward + Reverse o] (0] O (0]
@ Sweep
— | NormalPhase 0 0 0 0
@ | LockedPhase o) 0 o) e}
2 [ WindowShaged 0 0 0 0
1) Burst
a On/Off  Amplitude o) o} 0 0
Ratio
o | FadelIn 0 0 0 0
e}
i Fade Out o) o) 0 0
AM e} 0 0 0
& . . . .
= | FM o 6 0 o}
>
e} = = = =
§ PM (@] O (@) (0]
Software Loopback 6 [} 0 0
(all channels)
Software LoopbacK o) o} o]
" (1 channel) =
o Sync. with (0]
g Oscilloscope
Save as WAV file o) o] ] 0
Save as TXT file 6 (o] ] 0
DDS o) 0 0
DC Offset ¢} 0 0
Multimeter
RMS 0 0
dBvV 0 ]
dBu ] 0
dB 0 ]
dB(A) 0 0
dB(2) 0 0
o | dB(C) 0 ]
S Frequency Counter (0] (:) (:)
RPM O (@)
Counter ] 0
Duty Cycle 0 0
Frequency/Voltage 6] @)
Cycle RMS o) 0
Cycle Mean 0] @)
Pulse Width o) o)
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Sound Card Sound Sound Multi- Multi- Multi -
Oscilloscope| Card Card Instrument | Instrument Instrument
Spectrum | Signal Lite Standard Pro
Analyzer | Generator

Jitter Statstics

(@}
(@}
O Or

Counter Trigger,
Hysteresis

(@]
(@}
O

Counter Trigger,
Level

Settings

(@}
(@}
O

Frequency Divider

@)

DP (Derived Data PointYiewer

DDP & UDDP
display

(@]

HH, H, L, LL
Alarm

O

(@]}

Set Display
Precision

Define UDDP

Function

Alarm Sound

OOy O

Alarm
Acknowledge

(@]

Inter-frame Linear /
Exponential
Average

(@]

Harmonic
Frequencies, RMS,
Phasefkeport

(@]

Octave Bands,
RMS Report

O

Peak Frequencies,
RMS, Phases
Report

(@]}

Frequency Bands,
RMS Report

O

Reverberation /
Speech
Intelligibility
Report(1/1
Octave)

DDP Array Viewer

(@]}

Reverberation /
Speech
Intelligibility (1/3
Octave)

Derived Data Curve (DDC)

O

Energy Time
Curve (Log
Squared)

(@]}

Energy Tme
Curve (Envelop)

(@]}

Energy Time
Curve @BSPL)

O

Impulse Response
Schroeder
Integration Curve

Function

Step Response (0]
Curve (via
Impulse Response
Integration)

(@]}

Frequencylime
Curve
(Demodulated)

X-Y Plot

O
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Shock Respae
Spectrum
Frequency Time
Curve (Timed)
RPM Time Curve
Spectrum Analysis
on Selection

(@]

O

ell{e}]

Legend: Blank Function available if purchased  Shaded Blafkinction NOT availablén thatlicense level

Spectrum 3D Plot
Waterfall Plot
(Inter-frame, STFT)
Waterfall Plot
(Intra-frame, STFT)
Waterfall Plot

L | (Intraframe, CSD)

2 Spectrogram
(Inter-frame, STFT)
Spectrogram
(Intra-frame, STFT)
Spectrogram
(Intra-frame, CSD)
Spectrogram Colo
Palette
Waterfall Color

” Palette _
= Waterfall Tilt Angle

% Waterfall /

n Spectrogram Heigh
Linear / Log Scal
for Xand Y
Number of Spectra
Profiles (10~200)
3D Cursor Reader

» Octave Analysis

3 | (L1, 13, 16, 1/12

5 | 1/24, 1/48, 1/96)
Spectrogram
Smoothing

Data Logger

RealTime Logging

Load Historical Log File

Three logging methods

(Fastest, Time Interval

Update Threshold)

270 derived data point:

available for logging

Up to 83 8 = 64 variable

can be logge

simultaneously

LCR Meter

High Impedance

Measurement

Low Impedance

Measurement

Up to 8 XY Plots
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(Linear/Log) -

Device Test Plan

30 Instructions
Create/Edit/Lock/Execute/
oad/Save a Device Te
Plan

Up to 8 XY Plots

(Linear/Log)

Device Test Pla Log
Automatic Mutli-Step
Generation

User Log In / Out

Volatile & Non-volatile
Variables

Vibrometer

RMS, Peak/PP, Crest Fact
for acceleration, velocity
displacement (i
Multimeter)
Waveform conversio
among accelation,
velocity and displaceme
(in Oscilloscope)

SI/ English units
Dedicated Hardware Support

RTX6001 Remote /Local
Control

The Dedicated Hardware Support amtd module is intended foa seamless
integration with some third-party hardware device The following thirdparty
hardware devices are under this category

1 RTX6001 Audio Analyzer
Note that without this addn module, RTX6001 will work as a sound card
only and is still supported by Multhstrumends generic sound card ders.
With this addon module, the input and output data will be scaled properly by
the software without calibratipand RTX6001 is fullycontrollablefrom PC.

1.2 System Requirement

Microsoft WindowsXP or greaér. Both 32bit and 64bit Windows are spported.
Screen resolution is recommended to be greater than 1024 x 600 pixels.

For a sound card based data acquisition systeng, 16 24 or 32 bit Windows
compatible sound card is required.

1.3 Quick Start Guide

1.3.1 Start Multi-Instrument
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To start Multi-Instrument, on the Windows desktop, select [Start]>[All
Programs]>[Multiinstrument]>[VIRTINS Multiinstrument].

If the software license has not been activated and the trial period has not expired, the
software will work in trial mode. Under this me, the software will have the full
functionality of the full package of t he
shown in the center of every graph window.

If the software license has not been activated and the trial period has expired, the
softwae will refuse to run.

If the software license has been activated, by a softkey (activation code), a USB
hardkey, or a VT device, the software will work in licensed mode. Under this mode,
the software will have the functionality corresponding to the §edavel activated.

1.3.1.1 Default Device Selection

If the software is started for the very first time after installation, it will prompt the
user to select a default device. The default device can also be changed later via
[Setting]>[ADC Device], [Sding]>[DAC Device], and [Setting]>[Configure Hot
Panel Setting Toolbar], or simply [Setting]>[Restore to Factory Defadiijvever, if
[Restore to Factory Default] command is executal, all calibration data entered
manually via [Setting]>[Calibration] after software installation will be reset to

the default valuesof the selected product.To avoid the loss of the manually
entered calibration data, you can save the as a calibration file first.
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Default Device ot

Please zelect a default device

O Al O SoundCard: O T O RTH O RME O Digiducer Ml

Sound Card MME |

Sound Card MME
Sound Card AS10
YT DS50-2810
WT DS50-2810E
WT DS50-2810R
YT DS50-2820
WT D50-2820E
YT DS0-2820R
YT DS0-2410
WT D50-2410E
YT DSO-2420
WT D50-2420E
WT DS0-2810F
YT DS0-2810H
WT D50-2815H
WT |[EPE-2G05
WT |IEPE-2G05A
WT |[EPE-2G05E
WT |IEPE-2GOSC
WT |[EPE-2GOSD
WT |[EPE-2GOSE
YT CAMP-2G05
WT CAMP-2G054
WT CaMP-2G05E
YT RTA-1638
WT BTA-1684
WT RTA-1636
YT RTA- 16541
WT RTA-168B-1
YT RTA-1E3C hd

1.3.1.2 Default Skin Selection

If the software is startetbr the very first time after installation, it will prompt the
user to select a default color scheme (Skimj theme (visual styleYhe default skin
can also be changed later via [Setting]>[Display].

Default Skin ot

Pleaze select a default skin

() Skin 1 () Skin 2 () Skin 3 () Skin 4
() Skin & () Skin B () Skin 7 () Skin &

Theme | Yizual Shle 1 W
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1.3.1.3 Run Multiple Instances

It is possibleto launch multiple instances of the software on the same computer. Each
instance has its own default configuration. It is possible to use different ADC/DAC
devices or different channelsf the same devican different instances. This
effectively increaseshe total number of channels supported. The location of each
instance on the screennemorizd by the software.

e

AAANAAAAAAA

Each instance except the first one has a unique nuimliee brackets []n the title
bar of the main window to differentiate itselbfn otherqsee figure below)

® i 3 J EMulti—InstrumentPro 39(7] - [+3DP+DLG+LCR+UDP+VBM+DHS] -
1 L]

File Setting Instrument Window Help

@ [ Trigger \Normal ~|la ~i

' NP EES FEES » 103 |
Al ] Home 0CT2 0CTé 0CT12

0 4 1[ Oscilloscope

n [

If multiple instancepoint tothe saméiardwaredevice (either the same or different
channels)the device driver must support mudtient applicationsotherwise, clash
will occur. Sound card MME drivers and some sdutard ASIO drivers support
multi-client applications, but VT DSO drivers do not.
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The Oscilloscopes and Signal Generators among multipéance can be
synchronized respectively to start and stop.

1.3.1.3.1 Sticky Move

n Multi-Instrument Pro 3.9 - [+

Restore
~  Sticky Move
Move
Size
= Minimize

o  Maximize

x Close Alt+F4

ASticky Movee@mccespet byalicking thensoftware icon at the upper left
corner of the main window. It is ticked by default. With this option selectesicraén
components belonging to the same software instance will move together if you drag
the title bar of the ma window. Otherwise, only the Oscilloscope, Spectrum
Analyzer, Spectrum 3D Plot, and Multimeter will move together with the main
window.

1.3.2 Screen Layout and Components

The main window of the software is divided into the following eight areas{g))~

U Multi-Instrument Pro 3.2 - [-3DP-DLG-LCR-UDP+VBM] - ADC1.wav - <=SoundMAX Digital Audio=

9 —fp Rl Settrg Instrumert Window Hel

3—P & & & Trigger[Normal  -|[A  ~|[Up -|[ 0% <[ 0% |Sample[adiknz  ~[azB -|[16Bit ~|Point] | RonlRecord| Auta
4> e EMESUE Y 0> wfic Jac ] ~Prote[l -][1 | m—
(5),0—F oot octs oCTs OCTIZ OCT OCTH8 OCTS6  THD  THDA  IMDsvp  IMOdn  MEGoF CrossTh FRwike FRehip Boceflt  THOF  THOSP  IMO~F  Audilst

% Dscilloscope

EEX

A M 0SS Y MIR=0 ST V Moan=.0.000HZ
4557 W Wine0 399568 V' Mean= 0000901
o e VAmDE0 41 mi VB Z el

| W A A f frrmalr
d | N AN LS \_ _____ |I L M i I e Csolosoope Chart Cpbons, .. 1\_ _____ b
, \ \ I \

-\_\. -
s \ / \JI \ | Csdloscope Referande. " 7
08 'JI I|.l L, b \J Dxclosmope Copy A Bitmap... ng
J Y II-\ ™ el N !,-.,I ' l, i . I{\' '. i (\I il Osoilostope Copy As Tet.., {4 -- 04
) -|". | v

-
) | | [ TY 08 DY B I, .| LIS B IO O S I T Il
1t I|I A { Eu_/% P Ve || V) iw i ll» = l';") 'J V7 "I llu__ 7 IJ Ya H ' sciloscope Export.. ,-'4| |UI_.fo
: . | ) ll ¥ i | [ l Csclloscope Print.... i a4
24 | ) Oscilosoope Prink Presiew a=
B [iE- ] 0.3 0 03z 03922 0302 03642 03 0362 o
| forz gz e AVER ORM s =l
- -
CBEX
al A P Frouency=3000.1 He =
o | PRI e g ) P
Hrh
o | n4
a1 0=
s 3
! Ao .
1] o
] f o
R
0¥ o1 J
a2 |‘I| rl X " 0.os
I . A, | s ; M b
.u'BD 2.3 a5 69 z ns 1=8 6.1 24 a7 EJO"
jFFT Ssgrentsdl  Resclution: 43 08E4HE FMS AMFLITUDE SFECTRUM [ j
S—F 115 “[lct00 -] alaz =[x -| Mfaze -] Bs2 =[x r

(2) Title bar

v Multi-Instrument Pro 3.2 - [+3DP+DLG+LCR+-UDP+YBM] - ADC1.wav - =SoundMAX Digital Audio=
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It is located at the top of the screen. It contains software title, software version
number, adebn modules activated, file name opened (if any), ADC device being used,
Panel Setting Filename loaded (if any, when the Panel Settis locked), and
instance no.

Depending on the license level activated, the software title can be:

Sound Card Oscilloscope

Sound Card Spectrum Analyzer
Sound Card Signal Generator
Multi-Instrument Lite
Multi-InstrumentStd (i.e. Standard)
Multi-Instrument Pro

= =4 =4 -4 -8 -9

Dependingnthe license level activated, the aolkd modules activated can be:

3DP (i.e. Spectrum 3D Plot)

DLG (i.e. Data Logger)

LCR (i.e. LCR Meter)

UDP (i.e. Device Test Plan)

VBM (i.e. Vibrometer)

DHS (i.e. Dedicated Hardware Support)

= =4 =4 -8 -4 -9

(2) Menu bar

File Setting  |nstument Window  Help

It is located at just below the title bar. Different instruments may have different menu
items in each submenu.

(3) Sampling Parameter Toolbar

= Triggermmmmﬂwz:“ JSampIe|44.lkHz j|A&B jhﬁBil jF‘Dint|441 jl— RBCDIdﬂ
It is located just below the menu bar. It contains three parts:
1 File Input & Output

1 Trigger Paameters
It contains (from left to right):
Trigger Mode, Trigger Source, Trigger Edge, Trigger Level, and Trigger
Delay, Trigger Frequency Rejection

1 Sampling Parameters (for ADC)
It contains (from left to right):
Sampling Frequency, Sampling Chann&smpling Bit Resolution, Record
Length per sweep, Roll Mode Cheok, Record Button, and Sampling
Parameter Auto Setting Button.
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This toolbar is common for all instruments. Note that the sampling parameters for
DAC are located in the Signal Generatorglan

(4) Instrument & Miscellaneous Toolbar

e mmME& VI E P lac ~Jfac ~ffxiv L ~|Prabe[1 ~[[1 ~ Vsterr + amrar

It is located just below the Sampling Parameter Toolbar, consisting of the following
two parts:

1 Instrument Toolbar (left hand side)
It contains buttons for (from left to right):
Oscilloscope Run/Stop, Odo#cope, Spectrum Analyzer, Multimeter,
Spectrum 3D Plot, Signal Generator, Device Test Plan, Data Logger, DDP
Viewer, Derived Data Curve (DDC)

1 Miscellaneous Toolbar (right hand side)
It contains (from left to right):
Invert Input Signal button, Chaeh A Zeroing button, Channel B Zeroing
button, Windows Recording Control, Windows Volume Control, Waveform
Play button, Waveform Cyclic Play Button, ADC Channel A Coupling Type,
ADC Channel B Coupling Type, ADC Channel A Range, ADC Channel B
Range, Probe ACurrent Switch Position, Probe B Current Switch Position,
and Input Peak Level Indicators for Channel A and Channel B.

This toolbar is common for all instruments.

(5) Long Wave File Navigation Toolbar (Hidden by default)

“n ————————————————————————————————| 0.085/1s 0%~

It is located just belowhe Instrument and Miscellaneous Toolbar, and is visible only
when a WAV file is opened witjFile]>[Open Frame by Frarhecommand. It
contains the following controls (from left to right):

Frame Up button, Frame Down button, Frame Auto Scroll button, Cuffezme
Position Slider, Current Frame Position/Length of the File, Frame Overlap
Percentage.

(6) Hot Panel Setting Toolbar

It is a toolbar containing 20 configurable buttons. You can assign each button with a
frequently used panel setting file via [$&g]>[Configure Hot Panel Setting Toolbar],

so that that panel setting file can be loaded when the button is pressed. You can show
or hide this toolbar via [Setting]>[Show Hot Panel Setting Toolbar].

By default whenfiSound Card is selected as the defaualevice the 20 buttons are
pre-configured as follows:
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1. Home: Default setting.

2. OCT3: 1/3 Octave Analysis (Avg. 10)
Pink noise will be generated by pressing the start button of the Signal Generator.
The pink noise will be injected into the DUT (Devicendér Test), and the
response of the DUT will be captured and analyzed by the Oscilloscope and
Spectrum Analyzer. A flat curve in the Spectrum Analyzer would indicate a flat
magnitude frequency response of the DUT.

3. Polarity: Polarity Test with Crest FactGheck
0.5 ms haklinverted sawtooth pulse will be generated every 100 ms by pressing
the start button of the Signal Generator. The signal will be injected into the DUT
(Device Under Test) such as a speaker, and the response of the DUT will be
captured an@nalyzed by the Oscilloscope. The polarity of the DUT can be seen
from the direction of the pulse displayed in the oscilloscope. In addition, a DDP
viewer is configured to display the measured pofarging its background color.

4. THD: THD,THD+N,SNR,SIMD,Noise Level, ENOB (Avg. 10)
A 1 kHz sinewave will be generated by pressing the start buttoth@fSignal
Generator. The sin@ave will be injected into the DUT (Device Under Test), and
the response of the DUT will be captured and analyzed by thddSsope and
Spectrum Analyzer. All the above parameters of the DUT will be measured and
displayed. This panel settingses Kaiser @vindow function in the Spectrum
Analyzerto suppress spectral leakage

5. THDa: THD,THD+N,SNR,SINAD,Noise Level, ENOB (& eighted) (Avg. 10)
Similar to THD, but with Aweighting prdile applied to the speatm.

6. THDnsl THD,THD+N,SNR,SINAD,Noise Level, ENOB (Avg. 18No Spectral
Leakage
A 1 kHz (to be precise, a frequency very close to 1 kHarder to avoid spectral
leakage sinewave will be generated by pressing the start buttothefSignal
Generator. The sin@ave will be injected into the DUT (Device Under Test), and
the response of the DUT will be captured and analyzed by the Oscilloscope and
Spectrum Analyzer. All th above parameters of the DUT will be measured and
displayed. This panel setting should be used only if the same sound card is used
for signal input and output. In case different sound cards are used for signal input
and output, you should change the WiwdBunction in the Spectrum Analyzer
from Rectangle to Kaiser 6.

7. THDres 1kHz Sinewavevs Its Duplicate with Fundamental attenuated B9 1
dB via FIR
A 1 kHz sinewave will be generated by pressing the start button of the Signal
Generator. The singavewill be injected into the DUT (Device Under Test), and
the response of the DUT will be captured and analyzed by the Oscilloscope and
Spectrum Analyzer. [Setting]>[ADC Device]#Channel Operatianis set to
AA=IA, B=iA 0 to duplicate the same singbhannelresponse from the DUT into
both Ch A and Ch. B. A bandtop linearphaseFIR filter is applied to Ch. B
only to attenuate the 1kHz fundamental b 1B, leaving only the residual
harmonics and noises in Ch. B fwaveformcomparison with the original gnal
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in Ch. A. TheFIR time delay in Ch. B is removed so that thvwe waveformsan
both channelare time alignedIn case the amplitude of the waveform in Ch. B is
too small, right click the Oscilloscope and sel@utoScaling. DDP Array
viewer is usd to show the harmonic frequencies, amplitudes, pimisenation
Please na@& that the phase information will only be available if [FFT
Size]<=[Record Lengtlx 2x[FFT Size] andthere isno interframe averagePeak
Markers are used to indicate the haringreaks. They will show the correct peak
heights even when spectral leakage occurs.

8. IMDsmp: IMD SMPTE (60 Hz + 7 kHz, 4:1) (Avg. 10)
A 60 Hz and a 7 kHz sinevaves mixed at an amplitude ratio of 4:1 will be
generated by pressing the start button ofShgmnal Generator. The mixed signals
will be injected into the DUT (Device Under Test), and the response of the DUT
will be captured and analyzed by the Oscilloscope and Spectrum Analyzer. The
SMPTE IMD value of the DUT will be measured and displayed.

9. IMDdin: IMD DIN (250 Hz + 8 kHz, 4:1) (Avg. 10)
A 250 Hz and a 8 kHz sinewaves mixed at an amplitude ratio of 4:1 will be
generated by pressing the start button of the Signal Generator. The mixed signal
will be injected into the DUT (Device Under Test), ahd response of the DUT
will be captured and analyzed by the Oscilloscope and Spectrum Analyzer. The
DIN IMD value of the DUT will be measured and displayed.

10.IMDccif: IMD CCIF2 (19 kHz + 20 kHz, 1:1) (Avg. 10)
A 19 kHz and a 20 kHz sin@aves mixed atraamplitude ratio of 1:1 will be
generated by pressing the start button of the Signal Generator. The mixed signal
will be injected into the DUT (Device Under Test), and the response of the DUT
will be captured and analyzed by the Oscilloscope and Spe&natyzer. The
CCIF2 IMD value of the DUT will be measured and displayed.

11.CrossTIlk: Crosstalk AB, THD, THD+N, SNR, SINAD, ENOB (Avg. 10)
A 1 kHz sinewave will be generated by pressing the start button of the Signal
Generator. The generated signal wik injected into Channel A of the DUT
(Device Under Test) and the input of Channel B of the DUT will be grounded.
The response of the DUT will be captured and analyzed by the Oscilloscope and
Spectrum Analyzer. All the above parameters of the DUT wilineasured and
displayed.

12.FRwhite: Magnitude Frequency Response (White Noise, Avg. 30)
White noise will be generated by pressing the start button of the Signal Generator.
The white noise will be injected into the DUT (Device Under Test), and the
response fothe DUT will be captured and analyzed by the Oscilloscope and
Spectrum Analyzer. The curve in the Spectrum Analyzer indicates the magnitude
frequency response of the DUT.

13.FRpwn: Magnitude Frequency Respon&e(iodicWhite Noise)
Periodic vhite noise Wl be generated by pressing the start button of the Signal
Generator. Th@eriodicwhite noise will be injected into the DUT (Device Under
Test), and the response of the DUT will be captured and analyzed by the
Oscilloscope and Spectrum Analyzer. The eurin the Spectrum Analyzer
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indicates the magnitude frequency response of the DOFe advantage of using
periodic white noise is thatsitspectrunis ideally flat even without averaging.

14.FRswph: Magnitude Frequency Response (Frequency Sweep, Peakarmldr)
A frequencylinearly swept sine wave (chirp) will be generated by pressing the
start button of the Signal Generator. The chirp signal will be injected into the
DUT (Device Under Test), and the response of the DUT will be captured by the
Oscilloscog and Spectrum Analyzer. The curve in the Spectrum Analyzer
indicates the magnitude frequency response of the DGliiches may appeaf
the sweep time is reduced or FFT size is increased.

15.FRswlog Magnitude Frequency Response (Frequency Log Swe@gp¢tave
Analysis)
A frequencylogarithmicallyswept sine wave (chirp) will be generated by pressing
the start button of the Signal Generator. The chirp signal will be injected into the
DUT (Device Under Test), and the response of the DUT will be captwehe
Oscilloscope and Spectrum Analyzer. The curve in the Spectrum Analyzer
indicates the magnitude frequency response of the DW&.trigger leveshould
be set properly such that the oscilloscope will capture the entire swept sine signal.
Logarithmc sweep and octave analysis is used to provide sufficient SNR at lower
frequency range. If linear sweep is used, nafibawd FFT analysis should be
used instead.

16.BodePlot: Bode Plot (Transfer Function, Frequency Respoighitg Noise,
Avg. 50)
White noise will be generated by pressing the start button of the Signal Generator.
The generated white noise will be split into two: one injected into the DUT
(Device Under Test), and the other injecteédectly into Channel B of the
Oscilloscope. The responsé the DUT will be injected into Channel A of the
Oscilloscope. The curve in Channel A of the Spectrum Analyzer will show the
gain vs frequency plot of the DUT, and the curve in Channel B of the Spectrum
Analyzer will show the phase shift vs frequencytmibthe DUT.

17.THD~f: THD, THD+N, SNR, Magnitude Response vs Frequency Plot
Please refer to Section 8.8.3.

18.THD~P: THD, THD+N vs Magnitude, Power Plot
Please refer to Section 8.8.4.

19.IMD~P: SMPTE IMD vs Magnitude, Power Plot
Please refer to Section835.

20.AudioTst: Automated Audio Parameter Test
Please refer to Section 8.8.7.

Note: In the above tests, it is assumed that the performance of the-tgsitsetf (e.g.

the sound card that is used as the measurement instrument) is better thanhihat of t

DUT (preferably one order better), so that the measurement errors introduced by the

test seup itself can be ignored. Thetesteep 6 s speci fi cations can
the hardware manufacturers. A testigetwith alow noise level, high bit redution,
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wide bandwidth, flat frequency response, and low distortion should be used. The
parameters of the test agt can also be obtained by directly looping back its output
to its input, and then performing the above tests. Some of the imperfectiontest
setup can be compensated by software, such as thdlatomagnitude frequency
response. But some cannot, such as distortion and noises.

Please refer to the following documents for some sound card loop back test examples:
1 EMU Tracker Pre TesReport using Multinstrument

Download link:
https.//www.virtins.com/doc/D1004/EMU_Tracker Pre_Report_D1004.pdf

1 M-Audio Mobile TrackerPre Test Report using Miittstrument

Download link:
https://www.virtins.com/doc/D1005/MAudio MobilePre Report D1005.pdf

1 VT XLRto-USB Pre Test Report using Mulistrument
Downlod link:
https.//www.virtins.com/doc/D1006/VT XLRo-USB Pre Report D1006.pdf

1 EMU 0204 Test Report using Multistrument
Download link:
https://www.virtins.com/doc/D1007/EMU_ 0204 Report.pdf

1 Focusrite Scarlett Solo Test Report using Muistrument
Download link:
https.//www.Vvirtins.com/doc/Focusrit&carlettSolo-TestReportusingMulti -Instrument. pdf

(7) Display area

It is positioned in the middle of the screen. It is used to display various instrument
views and panels. Multiple iews and panels can be displayed in this area
simultaneously. This area is intentionally designed as big as possible in order to
accommodate multiple views/panels and display the fine details of the data.
Compared with conventional instrument, one distabtantage of virtual instrument

is that it utilizes the computer screen for display, which is much bigger than the screen
of a conventional oscilloscope. However, this advantage has not yet been fully taken
in many other virtual instrument softwaapplicatiors in the market, as they simply
mimic the conventional instrument panel on the computer screen and thus only a
small portion of the computer screen is used for the display of the measurement data.
In contrast, Multiinstrument gives priority to the gplay of the measurement data on

the screen and at the same time maintains a user friendly human machine interface
(HMI) by using common Windows gadgets.

(8) View Parameter Toolbar

It is located at the bottom of the scrednis used toadjustthose display-related
parametersEach view (e.g. Oscilloscope view, Spectrum Analyzer view, Multimeter
view, Spectrum 3D Plot view) has its own View Parameter Toolbar and only the one
for the foremost view will be shown, in order to save screen space. Clickmdnare
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within an instrument view will bring forward its respective View Parameter Toolbar
and make it visible.

1 View Parameter Toolbar for Oscilloscope

T [10ms -|x1 ~| A |Auto ~|| off +| M{A2B  ~| B |Auto - | off -|
It contains (from left to right):
T Range, T Multiplier, A Range, A Multiplier, Oscilloscope TyPeRange, B
Multiplier.

1 View Parameter Toolbar for Spectrum Analyzer

Flan  ~[fx1  ~|a)1 ~lloit  ~|M| |Bl1 ~|loti  ~|FFT[1024  ~|WND |[Hanning - \

It contains (from left to right):

Horizontal Axis Range, Horizontal Axis Multiplier, A Range, A Multiplier, Spectrum
Analyzer Type, B Range, B Multiplier, FFT Size, Window Funciddndow Overlap
Percentage.

M1 View Parameter Toolbar for Multimeter

A [on ~[[ 0% [ 1% =] 1.00000 M [Freq. Counter ~| BJon ~[[ 0% [ 1% [ 1.00000

It contains (from left to right):

Display/Hide A, Counter A Trigger Level, Counter A Trigger Hysteresis, A Divider,
Multimeter Type, Display/Hide B, Counter B Trigger Level, Counter riggér
Hysteresis, B Divider.

1 View Parameter Toolbar for Spectrum 3D Plot

F |Au|u '| A ‘Aulu '| M|Wateria|l '| B |Autu '| T ‘4[I v‘AngIe 30 ﬁHeighl 30% ﬁ|lnler—FramE 'HSTFT

It contains (from left to right):
F Range, A Range, Spectrum 3D Plot Type, B Range, T Range, Tilt Angle of T,
Height Percentage of,YProcessing Mode, Analyzing Mode

(a) Cursor Reader (left mouse click)
Pl ease refer to the section ACursor Read
details.

(b) Marker (double left mouse click, with or without CTRL or SHIFT)
Pl ease refer to the section ACurfwmor Read
details.

(c) Context Menu (right mouse click)
Pl ease refer to the section AContext Me n u

(d) Horizontal Scrollbar (put the mouse cursor just below the horizontal axis till it
becomes a numifying glass, then left clicko zoom in, right click to zoom out
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and move the scroll box to scroll horizontalBoom in/aut can also performed
usingthemouse whee)

Please refer to the sections about the multiplier for horizontal axis in the following
chapters for details.

(e) Channel A Scrollbar (put the mouse cursor on the left side of A axis till it
becomes a numifying glass, then left click to zoom in, right click to zoom ,out
and move the scroll box to scroll vertically for Channelzdom in/ait can also
performed using SHIFF mouse whee)

Pl ease refer to the section AChannel A M
details.

() Channel B Scrollbar (put the mouse cursor on the right side of A axis till it
becomes a numifying glass, then left click to zoom in, right click tmom out
and move the scroll box to scroll vertically for ChanneZBom in/ait can also
performed using CTRL + ouse whee)

Pl ease refer to the section AChannel B M
details.

(g) Text display area of a graph window
It displays the DDP (Derived Data Point) values of that graph window. When the
cursor reader / marker is shown, it will also display the cursor / marker readings.

1.3.3 Change ADC/DAC device

You can change the ADC device being used via [Setting]>[AD®id2]>[Device
Model].

You can change the DAC device being used via [Setting]>[DAC Device]>[Device
Model].

1.3.4 Basic operations

To get familar with the basic operation of the software quickly, it is recommended to

use your ¢ o0 mp u tthearbdilsn osextermaldmicophond. Ywu can go

to [Setting]>[ ADC Device], and choose M@ASou
and choose a sound card (for Windows before Vista) or an input source of a sound

card (for Windows after Vista) in the Device Né&eld. You can adjust the

microphone gain of your sound card via the ReemdControl under Windows

Control Panel. You can also access the Recording Control via the Recording Control

button in the Instrument & Miscellaneous Toolbar.

Now, if you start theoscilloscope and speak before the microphone, you should see
the waveform and spectra of your voice. To get real time display of your voice, it is
recommended to set the sweep time of the oscilloscope to be 5 ms ~100 ms. To
change the sweep time, clickyavhere within the oscilloscope window and change
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the sweep time at the bottom left corner. You can change the trigger parameters and
sampling parameters in the sampling parameter toolbar and observe their effects. The
trigger level and trigger delay catso be changed by dragging the respective markers
along A axis and the horizontal axis at the top in the Oscilloscope window.

If the oscilloscope sweep time is too long (e.g. greater than 1s), the screen update will
become slow, the  y ou ¢ ano Itli ¢ hox Htdiheskpp@rRight corner of the
screen to get real time but partial update of the screen.

You can record your voice continuously by stopping the oscilipe, uncheck the

ARol | woxdihieohdcked and t hen pr esatthe upgerrighiRecor do
corner of the screelPr ess t he fARecordodo button again
recorded WAV file will be opened automaticallyfo get out of the Record Mode

click anywhere within the oscilloscopgindow and change the sweep timetla

bottom left corner of the screémom fiRecora to something else

To get familiar with theoperation of the Signal Geneoatit is recommended to use

your computerdés sound card with a speaker.
and chomdeC@Sd uMMEO as the Device Model, a
Windows before Vista) or an output destination of a sound card (for Windows after

Vista) in the Device No. field. You can adjust the volume of the sound card via the

Volume Control under Windosv Control Panel. You can also access the Volume

Control via the Volume Control button in the Instrument & Miscellaneous Toolbar.

Clicking the Signal Generator button in the Instrument and Miscellaneous Toolbar
will open the Signal Generator panel. Theibageration of the Signal Generator is
straight forward. Please refer to Chapter Signal Generator for details.

Whenever you want to revert back to the default panel setting, stop the oscilloscope
and go to [File]>[ New], ®©anelSeitimpgddoparpr ess n Hi

If you want to see some more basic tests with the software, please reBasio:
Oscilloscope, Spectrum Analyzer, Multimeter and Signal Generator Functional Tests
using Multiinstrument and Pocket Mullnstrument with Sound Cds

Download link:
https.//www.virtins.conidoc/D1001/Basic_Oscilloscope_Spectrum_Analyzer_Multimeter_and_Si
gnal_Generator_Functional_Tests_using_Muititrument_and_Pocket Multi
Instrument_with_Sound_Cards_D1001.pdf

1.4 Input & Output Connection for Sound Card Based Systems

For sound card bad systems, signals to be tested should be connected to either the
"MIC" jack or the "Line in" jack, and the generated signals will be output via the
"Speaker" jack or the "Line out" jack.

Typically, the "MIC" jack of a sound card has an input impedamtee range of 600
qa ~ 50 kg (card de-gcaleidpativdltage (1/2 ¥pp)ss inAlRC f u | |
range of 1 mV ~ 500 mV (card dependent), and is aalplesstthrough thé&kecording
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Controlunder Windows Combl Panel or hardwargain control (if any) preided by
the sound cardMost builtin sound cardeaveonly one micinput andthe same mic
signalis split andfed intothetwo input channels.

The "Line In" jack of a sound card has an input impedance typically@rouh kq ~ 50
kq (car d . dheplefdlscalé input voltage (1/2 Vpp) of this connection

is in the range of 500 mV ~ 2 V (card dependent), and is adjustable through the
Recording Controunder Windows Control Panel or hardwaan control (if any)

provided by the sound card. Genegrathe "Line In" should be used as the primary

input connection as it offers better Sigt@Noise Ratio (SNR) and bandwidth.

The "Line Out" connection of a sound card has an output impedance typically in the
rangeof20 q ~ 500 q (card dependent) and can
(card dependent). It has better SNR than the "Speaker" connection.

The "Speaker"™ connection of a sound card h;
(card dependent) and output powaf 2 W (card dependent). The headphone
connection of a sound card has a typical o]

power of 100 mW.

For input connection, the simplest way is to directly connect the signal under test to
the sound card "Line In"rd'MIC" jack (see the figure below). However, this kind of
connection requires the tester to be extremely careful to ensure the input signal is
within the allowable range before connecting. Otherwise the sound card or even the
PC may be damaged. The maximuallowable input voltage is about 3V (card
dependent).

|" To sound card

1
From output of . I
; GND == MIC or Line

circuit under test R

Simplest input connection

In order to prevent the sound card from excessive input voltage, the following limiter
circuit can be added. The two Silicon diodes will clamp the input voltage at about 2 x
0.65 = 1.3 (V). If thesound card ADC full scale is affected, one more Silicon diode

can be added in series to clamp the input voltage at about 3 x 0.65 = 1.95 (V) instead.
The protection is limited to = 50 V maximum (also depending on the resister's value
and maximum allowableurrent, and the diode's maximum allowable current). If the
amplitude of the signal to be measured exceeds the allowable range of the sound card,
it must be attenuated before connecting. The simplest way to attenuate the input signal
istoadd aresistarn series to the sound cardébs i
carddés input i mpedance form a voltage di
higher the attenuation ratio, and the higher the input impedance of this measurement
circuit.

np
V |
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100-10MEO2
i L - — _
From output of GND : To sound card
circuit under test R MIC or Lme In
100--10MC2

Input connection with input protection
In order toget good measurement result, the output impedance of the circuit under

test must be | ower than the input 1 mpedanc
Otherwise the signal cannot be properly traited from the circuit to the sound card.
If necessay, you can add ap@mp | i fi er before the-sound ¢

amplifier is responsilel for impedance conversipsignal amplification or attenuation,
and input protection.

The following figure shows the output connection for the Signal Generaher.
resistor is used to prevent accidental short circuit of the output. It can be omitted if
you are careful enough. As the output impedance of a sound card is very low, there
should not be any impedance matching problem when connected to externa.circuit

1002 (Line Out)

_ 2002 (Speaker Out)
From sound car ld e — - L(‘ To input of circuit
Line Out or Speaker — IND under test

1002 (Line Out)
2002 (Speaker Out)

Output connection with short circuit protection

It should be noted that for many sound cards (typically the internal sound card of a
desktop PC or a laptop PC with btiit AC power supply adapter), the ground line of
input and output is connected to the mains earth. This is not a probleendirc¢hit

under test is floating (i.e. isolated from the mains earth). Otherwise, you must make
sure that the ground line is connected to a point on the circuit that is also at earth
potential.

The above mentioned connection circuits andgmglifiers ae NOT supplied with
the software unless otherwise stated explicitly during purchasing.

For nonrsoundcard based systems, please refer to the respective hardware manual for
the input & output connection.
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1.5 Specifications

1.5.10scilloscope

1 ADC Hardwae Related Specifications

Sound Card based systems:

1)
2)

3)

4)

5)

6)

7)

8)

9)

Sweep Time: 100 ps~500 s (computer memory dependent).
Bandwidth: 1Hz - 200kHz (sound card dependent).

Maximum Allowable Input Voltage (if connected directly): about 3 V (sound
card dependent).

Selectalde sampling frequency (up @W68Hz), sampling bit resolution (8, 16
24 or 32 bits) and sampling channels (one or two) (sound card depeng2nt)
bit float format is supported as well.

Four trigger modes: Auto, Normal, Single and Slow.

Support triggring by rising edge, falling edge, or both at a specified trigger
level or for a specified amount of change, in the selected input channel.
Support trigger frequency rejection.

Support preriggering and post triggering from 0 to 100% of the specified
record length.

Continuously monitor the input signal such that no trigger event is missed
before data collection

Support calibration of the input channels with the input gain setting
automatically being taken into account. -€aibrationis not necessgreven if
the gain settinghanges.

Non Sound Card based systems:

Please refer to the respective hardware manual.

2 Can be used as a transient signal recorder to capture andratordata
continuously intaa sequence of WAV files ithe hard disk.

3 Five view types: Real time waveform of Channel A and Channel B, Real time
waveform of Channel A + Channel B, Real time waveform of Channel A
Channel B, Real time waveform of Channef AChannel B, Real time Lissajous
Pattern for Channel A and Channel B.

4 Independent X axis and Y axis zooming and scrolling.
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5 WAV files and properly formatted TXT files can be imported for display and
analysis.

6 Collected measurement data can be saved as WAV files or exported as TXT files.
7 Data curve can bgrint-previewed printed out directly or saved as BMP files.
8 Support adding notes to the measurement data.

9 Fast display refresh rate: about 50 frames per second (tested with a sound card
under Windows XP SP2 on IBM ThinkPad R51 Laptop PC with Intel Pentium M
processor 1.6@Hz, with sweep time=10 ms and FFT size=1024 and both the
Oscilloscope and the Spectrum Analyzer running under "Auto" trigger mode).
Thus data are displayed and analyzed in "true” real time.

10 The colors of display, font size, screen refresh rate aregtoable.

11 Number of pointgsamples}to be collected per sweep can be fine tuned at one
point's resolution.

12 Display the Maximum, Minimum, Mean, RMS&kewness and Kurtosiglues of
the data per sweep. Therefore it can be used as a voltmeter.

13 Support oneursor reader and two markers which stick to the measurement data.

14 Five chart types: Line, Scatter, Column, Bar, and Step. Line width is adjustable.
Support SINC interpolation between samples.

15 Support combining data from individual channels of differesatve files and
extracting part of data from a wave file.

16 Support normal and inverted display of a waveform.

17 Up to five reference curves can be set for each channel. The reference curve can
be configured by either copying the current curve, or loadingpeply formatted
text file or a previously saved reference file from the hard disk. Reference curves
can be assigned as Higtigh, High, Low, LowLow limits.

18 Support digital filtering (intréframe processing) such as low pass, high pass, band
pass, bandtop and arbitrary. The filter class can be FFT, FIR or IIR. Support
inter-frame processing including linear and exponential averdggpport
demodulation (AM, FM, PM), D@emovaland rectification Support removal of
time delay between two channe®&ipport time domain parameter measurements
including reverberation and speech intelligibilityaveform discontinuity step
responsgecho, and damping ratio

19 Support loading long WAV file frame by frame, either manually or automatically.

20 Each frame of datis time stamped witAnaccuracyof 1 ms.
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21 The data in the graph can be copied into the clipboard as text and latdrip@aste
other software such as Microsoft Excel for further analysis. The image of the
graph can be copied into the clipboard as Bitnmagge and later pastento other
software such as Microsoft Word.

22 The waveform displayed in the Oscilloscope can be played or cyclically played
via the default computer sound card, if the sampling rate and bit resolution of the
waveform is compatible witkthat sound card.Otherwise, it is possible to adjust
the replay sampling rate so that the signal is pitch shifted into the audio frequency
range.

23The screen display can work in ARoll o

24 Support waveform conversion among acceleration, velocity aspladement.
Support both Sl and English unit systems.

25 Support engineering unit conversion.

26 Support auto setting of sampling parameters such as sampling frequency, sweep
time and fullscale ADC rangeSupport AutaRanging and Aut&caling.

27 Support digial persistence (phosphorescent, rainbow) mode and equivalent time
sampling mode.

28 Support mixed signal (analog and digital) display.

29 Supports Multilingual Uselnterface under WindowXP, Vista, 7, 88.1, 10 11
and above. Currently supported languages English, French, German, Italian,
Portuguese, Spanish, Russian, Simplified Chinese, Traditional Chinese, Japanese
and Korean.

1.5.2Spectrum Analyzer

1 Seven view types: Real time Amplitude Spectrum, Real time Phase Spectrum,
Real time Auto Correlatiofunction, Real time Cross Correlation Function, Real
time Coherend®lon-Coherence Function, Real time Transfer Functioh
Impedance AnalyzeReal time Impulse Response.

2 Independent X axis and Y axis zooming and scrolling.

3 In Amplitude Spectrum, Y axisupports relative modes in linear and dBr scale,
and absolute mode in RMS voltage, dBV, dBu, dB, dBFS scale. X axis supports
linear, logarithmic and octave scale (1/1, 1/3, 1/6, 1/12, 1/24, 1/48, 1/96). Support
amplitude / power spectrum density displayy axis can be converted to
impedance display.

4 Analysis results can be exported as TXT files.

5 Data curvecan beprint-previewed printed out directly or saved as BMP files.
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6 Fast display refresh rate: about 50 frames per second (tested with a sound card
under Windows XP SP2 on IBM ThinkPad R51 Laptop PC with Intel Pentium M
processor 1.60 GHz, with sweep time=10 ms and FFT size=1024 and both the
Oscilloscope and the Spectrum Analyzer running under "Auto” mode). Thus data
are displayed and analyzed in "ttueal time.

7 The colors of display, font size, screen refresh rate are configurable.
8 FFT size can be adjusted from 128 to 4194304 points.

9 Allow record length to be different from FFT size. If the FFT size is greater than
the record length, then zero(ill be added at the end of the actual measurement
data during FFT computation. If the FFT size is less than the record length, then
the measurement data will be split into different segments with the size of each
segment equal to the FFT size. Segmeetlap percentage can be seledtethe
range 0f0%~99.%%. The final result will be obtained by averaging the FFT results
from all segments.

10 Support69 window functions: Rectarg, Triangle (or Fejer), HanrHamming,
Blackman, Exact Blackman, Blackman Hsy Blackman Nuttall, Flat Top,
Exponential, Gaussian, Welch (or Riesz), Cosine, Riemann (or Lanczos), Parzen,
Tukey, Bohman, Poisson, Haitoisson, Cauchy, Bartleittann, Kaiser, etc.

11 Display peak frequency with subFFT-bin-size accuracy in Amplitud8pectrum
display,secondpeak time delay and corresponding coefficierAirio Correlation
Function display,peak time delay and corresponding coefficient in Cross
Correlation Function display, peak frequency and corresponding coefficient in
Coherence Fuiion display, peak frequency and corresponding gain and phase in
Transfer Function display, peak time and corresponding value in Impulse
Response display.

12 Allow the measurement of Total Harmonic Distortion (THD), THD+Noise
(THD+N), Signal in Noise and Biortion (SINAD),Signatto-Noise Ratio (SNR)
Noise Level (NL) Total NorrCoherent Distortion+Noise (TNCDEBedLee Metric
and Sound Intensitiyn a specified frequency range.

13 Allow the measurement of IMISMPTE/DIN, IMD-CCIR2, IMD-CCIF3, DIM,
CrosstalkBandwidth ¢(3dB), Harmonics, Energy in user defined frequency bands,
PeaksTotal Distortion+Noise TD+N), Wow & Flutter, sound loudneskudness
level, sharpnesg& articulation index noise rating & noise criterion

14 In THD measurement and harmonics gse the fundamental frequen©an be
detected automatically based on geakfrequency omnother variable such #s
RPM readingfrom a tachmeter (e.g. for the purpose obrder tracking) It can
also bespecified manually

15 Support one cursor readand two markers which stick to the measurement data.
Support peak markers.
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16 Intraframe processing includes: Remove DC Component, Frequency
Compensation, Frequency Weighting (flat, A weighting, B weighting, C
weighting, ITUR 468 weighting), and Smooth vioving Average(linear or
octave) Frequency compensation is achieved via loading a user configurable
textbased Frequency Compensation File (*.fcf).

17 Four interframe processing methods: None, Peak Hold, Linear Average,
Exponential AverageCross PoweBpect rum Vector Average (i
Averag® .) The number of frames (2~200, forever) for peak hold or linear
averaging can be specified. The process ¢
chosen.

18 Five chart types: Line, Scatter, Column, Bard Step. Line width is adjustable.

19 Up to five reference curves can be set for each channel. The reference curve can
be configured by either copying the current curve, or loading a properly formatted
text file or a previously saved reference file frore thard disk. Reference curves
can be assigned as Higtigh, High, Low, LowLow limits.

20 The data in the graph can be copied into the clipboard as text and latdrip@aste
other software such as Microsoft Excel for further analysis. The image of the
graphcan be copied into the clipboard as Bitmap image and laterdpagieother
software such as Microsoft Word.

21 Supports Multilingual Uselnterface under WindowXP, Vista, 7, 88.1, 10 11
and above. Currently supported languages are English, FrenohaGdtalian,

Portuguese, Spanish, Russian, Simplified Chinese, Traditional Chinese, Japanese
and Korean.

1.5.3Signal Generator (Sweep/Arbitrary/Function/Noise/Burst Generator)

1 DAC Hardware Related Specifications

Sound Card Based Systems:

1) Bandwidth:1 Hz- 200kHz (sound card dependent).
2) Maximum Output Voltage: about 2 V (sound card dependent).

3) Selectale sampling frequency (up @W68kHz), sampling bit resolution (8, 16
24 or 32 bits) and sampling channels (one or two) (sound card dependent).

4) Supoort calibration of the output channels.

Non Sound Card Based Systems:

Please refer to the respective hardware manual.
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2 Support predefined waveforms: Sine, Rectangle, Triangle and Saw Tooth. The
duty cycle for a rectangle wave is adjustable.

3 Support norrepetitive pink noise and white noise generatithris possible to
generate identical or different noises across channels.

4 Support multitones generation. A Mulfones is a combination of predefined
waveforms with different amplitudes, frequencies, g@méses. Pink noise and
white noise with specified amplitude can also be adidéa the multitones.
Maximum 200 tones can be combined in each chanimeaddition to the manual
configuration method, automatic configuration method is provided to generate
multitones that are aligned to FFT bands or fractional octave bands within a
specified frequency rang®/hen themultitones are aligned to FFT bands, it is
possible to specify the sigi@alfrequency response: white no{#lat), pink noise
(1/f) or arbitray (a frequency response file *.frf)

5 Support arbitrary waveform generation through user defined waveform library. A
waveform library is a TXT file containing the coordinates of each point in one
cycle of the waveform. There is no limit as to how manysocan be used to
define a waveform.Two types of libraries are supported: Waveform Library and
Bit Perfect Library

6 Support Maximum Length Sequence (MLS) generation. The length can be
selected from 127 to 16777215.

7 Support Dual Tone MukiFrequency (DMF) generation.
8 Support musical scale tone generation.

9 The predefined waveform, mulibnes and usetefined waveform can be
generated at a frequency that sweeps linearly or logarithmically within a specified
frequency range and time duratiddption isprovided to allow a reverse sweep
after a forward sweep.

10 The predefined waveform, white noise, pink noise, nrtalies, usedefined
waveform and MLS can be generated at an amplitude that sweeps linearly or
logarithmically within a specified amplitudenge and time durationOption is
provided to allow a reverse sweep after a forward sweep.

11 Allow specifying the phase difference between the two channels if the output
signals have the same frequency.

12 The amplitude of the output signal is adjustat®epport AutoRanging.

13 The generated signal can be saved as a WAV file or a TXT file for a duration of
up to 1000 s.

14 The output signal can be looped back partially (i.e. only one channel while the
other channel can be used for field input) or fully (i.ethbchannels), via the
software itself, to the input of the oscilloscope for display and analysis in real time.
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Synchronized operation between the Signal Generator and the Oscilloscope with
timing accuracy in the same order of the sampling frequencgassalpported. It

is possible to specify when to start the Oscilloscope after the Signal Generator is
started.

15 It is possible to add a mask with specified periodic on/off timing to the signal to
be output so that a busstpe signal can be generated. Yanachoose whether to
phaselock each bursfThe maslkcan be specified as a window function in order to
shape the envelop of the output sigritlis also possible to specify the off/on
amplituderatio.

16 Support fade in/ouwnd modulation (AM, FM, PM) ahe output signal.
17 Support DDS mode for those devices that supports DDS mode.
18 Support DC offset adjustment for those devices that support it.

19 Supports Multilingual Usr Interface under WindowsP, Vista, 7, 88.1, 1Q 11
and above. Currently supporte@hfjuages are English, French, German, Italian,
Portuguese, Spanish, Russian, Simplified Chinese, Traalit®hinese, Japanese
and Korean

1.5.4Multimeter

1 Display the RMS voltage value of the current frame of data in Vrms, dBV or dBu.

2 Display the soungressure level of the current frame of data in dB, dB(A)ZIB(
or dB(C).

3 Display frequency (via the Frequency Counter), RPM (Revolutions Per Minute),
total counts (via the Counter), duty cycle, F/V voltage (via the Frequency Voltage
Converter), Cycle RI8, Cycle Mean, Pulse Width for the current frame of data.
You are allowed to configure the counter trigger level and the counter trigger
hysteresis in order to rectify the analog signal to rectangular pulses before these
analyseslJitter statistics includig peak(%), maxpositive(%), max. negativ€%),
normalized standard deviation (%) atsomeasured.

4 A frequency divider can be configured for each channel for the Frequency
Counter, RPM meter, Counter, F/V converter.

5 Display the RMS, Peak/PP, Crestdtor values for acceleration, velocity,
displacement if acceleration, velocity or displacement sensors are used.

6 Supports Multilingual Usr Interface under WindowsP, Vista, 7, 88.1, 10 11
and above. Currently supported languages are English, Fréecman, Italian,
Portuguese, Spanish, Russian, Simplified Chinese, Traditional Chineseeskapa
and Korean
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1.5.5Data Logger

1 Provide long time data logging function 884 Derived Data Points (DDP) and
16 User Defined Data Point (UDDP), including RM&lue, Peak Frequency,
Sound Pressure Level, RPM, THD, etc.

2 Up to eight data logger windows can be opened and each window can trace up to
8 variables. You can configure which derived variables to be logged.

3 Color of each trace can be configured.

4 The range of Y axis can be configured. Y axis can be displayed in linear or
logarithmic scale.

5 X axis is always a time axis witlin accuracyof 1ms. The span of X axis can be
configured. The screen automatically scrolls as new data are continuously fed into
the right of the window.

6 Data are logged in text format. Each log file contains a maximum 32767
(configurable) lines of data. The file name reflects the time stamp of that file. Log
files can be reloaded into the data logger window for display.

7 Three loggng methods: Fastest (i.e. whenever new data are available), Time
Interval (i.e. whenever new data are available and the specified time duration has
elapsed since the last update), Update Threshold (i.e. whenever new data are
available and the change comgrrwith the last update exceeds the specified
update threshold).

8 The data in the graph can be copied into the clipboard as text and latdriqpt@ste
other software such as Microsoft Excel for further analysis. The image of the
graph can be copied inthe clipboard as Bitmap image and later pasito other
software such as Microsoft Word.

9 Recorded data can be exported as TXT files.
10 Data curves can be printed out directly or saved as BMP files.

11 Supports Multilingual Usr Interface under WindowsP, Vista, 7, 8 8.1, 10 11
and above. Currently supported languages are English, French, German, lItalian,
Portuguese, Spanish, Russian, Simplified Chinese, Traditional Chinese, Japanese
and Korean.

1.5.6Spectrum 3D Plot

1 Support Waterfall Plot and Spectragn. It can be generated by multiple frames
of data (Intefframe Mode) or one single frame of data (Iffiame mode). The
former supports Short Time Fourier Transform (STFT) only while the latter
supports both STFT and Cumulative Spectral Decay (CSD).
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2 For Waterfall Plot, the tilt angle of T axis and the height percentage of Y axis are
adjustable.  Six color palettes are available: No Color, Rainbow, Bluish,
Yellowish, Grayscale, Inverted Grayscale.

3 For Spectrogram, five color palettes are availablenlRaw, Bluish, Yellowish,
Grayscale, Inverted Grayscald.smoothing option is provided.

4 X axis can be displayed in lingdogarithmig or 1/1 ~ 1/96 octave scale

5 Y axis is displayed in absolute mode in RMS Voltage, dBV, dBu, dB or dBFS.
6 Number of spetral profiles can be set from 10 to 200.

7 Spectral profiles are time stamped wathaccuracyof 1 ms.

8 A 3D cursor reader can be used to display the X, Y, T readings of an actual
measurement point. The-X profile at that point is highlighted and aldsplayed
in a separate X plot.

9 The data in the graph can be copied into the clipboard as text and latdriqptaste
other software such as Microsoft Excel for further analysis. The image of the
graph can be copied into the clipboard as Bitmap imagéaterdpastd into other
software such as Microsoft Word.

10 Analysis results can be exported as TXT filBise 3D data can be sliced by either
time or frequency.

11 Data curves can h@int-previewed printed out directly or saved as BMP files.
12 IndependenK axis and Y axis zooming.

13 Supports Multilingual Uselnterface under WindowXP, Vista, 7, 88.1, 10 11
and above. Currently supported languages are English, French, German, lItalian,
Portuguese, Spanish, Russian, Simplified Chinese, Traditional €hibegsanese
and Korean.

1.5.7Device Test Plan

1 Provides a mechanism for you to configure and conduct your own device test
steps. It takes the advantage of the sour
capability of simultaneous input & output, to gernera stimulus to the Device
Under Test (DUT) and acquire the response from that device at the same time.
Different stimuli can be generated and the response can be analyzed in different
ways.

2 Supports30 instructions with corresponding paramete3sppot using variables
in scripts
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3 Parameters toebtested can be selected fr@dst DDPs and 16 UDDPs, including
RMS value, Peak Frequency, Sound Pressure Level, RPM, Gain, THD, etc.

4 Test results (e.g. Gain vs Frequency, Phase vs Frequency, etc.) candakiplott
up to 8 XY plots and reported in one textual log windoalled Device Test Plan
Log in real time. The data in XY Plots can be exported as TXT files or copied
into the clipboard as text and later pdsii®o other software such as Microsoft
Excel for further analysis. The grapdf the X-Y plot can be copied into the
clipboard as Bitmap image and later pdstao other software such as Microsoft
Word. The graphs can also be printed out directly or exported as BMP files. The
data in the Device Te&tlan Log can be saved as a TXT file.

5 Support batch file processing and batch signal event capturing and storing.

6 A device test plan can be created, edited, modified, saved, locked, relaaded,
executed.

7 There are two types of device test plans: locked unlocked. A locked device
test plan cannot be modified within the software after it has been created.

8 Support Pass/Fail check. Support connection with external systems through serial
communication.

9 Supports Multilingual User Interfaaender Windevs XP, Vista, 7, 88.1, 10 11
and above. Currently supported languages are English, French, German, lItalian,
Portuguese, Spanish, Russian, Simplified Chinese, Traditional Chinese, Japanese
and Korean.

1.5.8LCR Meter

1 Can measure the value of an inductbcapacitqgra resistor, or the impedance of a
network of them in a wide range and display the resutig font.

2 Two types of external connections are supported: serial connection for high
impedance measurement, and parallel connection for lonwdamge measurement.
Seri al connection wuses the sound cardos
parallel connection uses an external resistor of a relatively small value as
reference.

3 Support the calibration of the sound card input impedance which mgywiar
frequency.

4 The value of the external reference resistor (if any) can be entered.

5 The measurementange is displayed and updated when the relevant settings
change.

6 The LCR Meter is a special Device Test Plan with bBniltCR measurement
algoritm. The default LCR test plan uses 1 kHz sine wave as the test tone.
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However, you can configure your own LCR test plans (e.g. with different test
tones) if necessary.

7 Same a®evice Test Plan, the test results can be plotted in up & §kts. The
variables for X and Y axes can be configured.

8 Supports Multilingual Uselnterface under WindowXP, Vista, 7, 88.1, 10 11
and above. Currently supported languages are English, French, German, lItalian,
Portuguese, Spanish, Russian, Simplified Chinesetitnaal Chinese, Japanese
and Korean.

1.5.9Derived Data Point (DDP) Viewer

1 Display the value of a Derived Data Point (DDP) or User Defined Data Point
(UDDP) ina standalone window. Maximu82 windows can be opened.

2 Allow High-High, High, Low, LowlLow darming. Alarm sounds can be
configured. Alarm acknowledgement is supported.

3 Displayed precision can be specified.

4 Allow the user to define a UDD&sing amathematicaéxpression. Various math
functions are supported.

5 Support inteifframe processing chuding linear and exponential avenagy
6 Support DDP array viewer which can be useddnerate the followingeports

Harmonic Frequencies, RMS, Phases

Octave Bands, RMS

Peak Frequencies, RMS, Phases

Frequency Bands, RMS

Reverberation / Spekdntelligibility (1/1 Octave)
Reverberation / Speech Intelligibility (1/3 Octave)

0O 006000

1.5.10Derived Data Curve (DDC)

1 Derive a dedicated data curve from a frame of sampled data iapthylit in a
standalone graph windowlaximum8 DDC windows can be opeal.

2 The DDC window is similar to the -X Plot in Device Test Plan except that its
context menu contains [®DC Processingmenu item which is used to select a
predefineddDC and configure its relevant parameters. The supported DDCs are:

A Energy Time Cure (LogSquared)

A Energy Time Curve (Envelop)

A Energy Time Curve (dBSPL)

A Impulse Response Schroeder Integration Curve
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A Step Response Curve (via Impulse Response Integration)

A Frequency Time Curvidemodulated)

A X-Y Plot

A Shock Response Spectrifbsolute Acceleation, Relative Velocity, Relative
Displacement, Pseudo Velocity, Equivalent Static Acceleration)

A Frequency Time Curv@imed)

A RPM Time Curve

A Spectrum Analysis on Selection
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1.6 Signal Flow
1.6.1Intra -Frame Processing and IntefFrame Processing

Physicd quantiies can beconverted to electronic sigsaby sensa. The analog
electronicsignalscan bequantized byADC devices and themprocesse@nd analyzed
by virtual instrumensoftware Generally, n Multi-Instrumentafter quantizationthe
signak flow from time domain (Oscilloscope) to frequency domain (Spectrum
Analyzer) and then tim&equency domain (Spectrum 3D Plot). The date not
processed sample by sample but frame by framaead The number of samples
(Record Length) contained in a daa frame equals to [Sampling
Frequencyk[Sampling Duration].Processing performed within a data frame is called
Intra-frame Processingwhile that performed amonmultiple data frames is called
Inter-frame Processing-or example, when FFT size is lessntiRecord Length, a
data frame will be divided into multiplpartially-overlapped=FT segments and the
resulting spectrum will be based on their averaged resth&s is ntraframe
averaging. If averaging is performed further amondedeiht data frameghen it is
interframe averaging.

A data frame can be acquired upmgingtriggered or by free run. During real time
processing, there is usually a gap betwadjacentdataframes unless the sampling
rate is sufficiently low compared to the datacessingrate under free run mode (e.g.
Auto Trigger Mode for sound cards)in case mulfile frames of data must be
sampled and processed without any gapsetween recorddatacontinuously tathe
hard disk firstvia the Record button at the uppgght corner of the screeand then
postprocess them via[File]>[Open Frame by Frame]lt is possible to specify a
frame overlap percentagethis caseRecord Mode will be described later.

Data Frame N-1 Data Frame N | Data Frame N+1

! |
TGap | " Gap

AN A

FFT Segment (Wmdow) 1

' FFT Segment (Window) 2 |

Q—l
‘Window Overlap

The Oscilloscope windowlwayscontains one data frananly. The data insidethe
dataframearenormally continuouswithout any gap However, this ray or may not
be truein Roll Mode wherea data frame isformed by concatenatinghultiple
individually-sampled data segments The data inside eackata segment are
continwous without any gap, but there may be a gap between adpstasegments
depending on the sampling rate and system throughput,Téte.length of the data
segmenis called Roll Width which can be configured through [Setting]>[Display]>
fiRoll Moded> fiRadll Widtho. Roll Mode will be described later.
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1.6.2 Signal Flow Block Diagram

The following signal flow block diagram illustrates how the signal is processed and

analyzed in the software. It helyou to understand the behavad the softwareand

even configure your own signal processing and analysis algorithm for a particular
application without programming using development tools such aBMIEW and

MATLAB. For example, changing the oscill osc
waveform renderingvill not affect the Mean, Min., Max., RMS calculation of the

signal as these values are calculated before the SINC interpolationfranter

averaging and Intrrame digital filtering in time domain (Oscilloscope) will affect

the subsequent spectral bisss in frequencylomain (Spectrum Analyzer).
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Time Domain: Inter-Frame Processing
1. (Ssmchronous) Averaging: Linear, Exponential

=

3

Sensors = ADC Devices
[Sefting]>[Calibration]> [Setting ][ ADC Device]
Sensifivity & Unit

Time Domain: Parameter Measurements 1
Mean, Min, Max, BME, dBV. dBu, dB, Frequency 3

Counted, Total Count Duty Cixle, RFM Puke
Width, Cyele BMVE, Cyele Mean F/V, Reverberation,
Speech Intelligibility, Dizcontinuity ..

5

Time Domain: Intra-Frame Processing
. Time Delay Removal 2. Demodulation: AW FMW PhA
. Remove DC, Rechification

¢a| # Disital Filtering: FIR, IR, FFT fo realize Low Pass, High

Pasz, Band Pass, Band Stop, or Arbitrary Filter.
. Acceleration, Velocity, Displacement Conversion, if required

6. Waveform+, -, = 3T Mode

!

Display Options VIBROMETER Display Options
. Chart Type . Line Width _HELH.L,LL Alarms
-DisplayMode . Persistence . Math Formula to define UDDP
. SINC Interpolation . Reference Curves MULTIMETER . Alarm Output & Acknowledge
OSCILLOSCOPE SPECTRUM ANALYZER l DDP Viewer
¥

Display Options
. Chart Type .Line Width .Reference Curves
. DisplayMode . X Scale: Linear, Log, Octave
.Y Scals: Normalized Mode—Linear, dBr

.X3Scale . Y Scale . Chart Type
.Line Width . Logging Modes

Display Options

Absolute Mode—EU, dBEU, dBu, dB. dBFS

Frequency Domain: Parameter Measurements
. THD, THDHN, SINAD, SNE. Noise Level . Bandwidth

. IMD (SMPTEDIN, CCIF2, CCIF3),DIM . Crosstalk

. Energyin User Defined FrequencyBands . Harmonics

. Minlti-Peak Detection, SFDE, TDHN . dBA, dEB. dBC
. Wow & Flutter . Sound Loudness & Sharpness

Frequency Domain: Inter-Frame Processing
. Peak Hold . Linear / Exponential Averaging
. BN/ Anithmetic Averaging

T

ooc B

Note: A numbered
list iz processal in
ascending order.

Frequency Domain: Intra-Frame Processing
1. Modes: Amplitude Spectrum, Phase Spectrum, Auto-
Correlation, Crozs-Correlation, Coherence Function,
Transfer FunctionImpedance Analyzer, Impulze Response
2. Remove DC 3. Windowing & FFT
4. Infra-frame Averaging 3. Frequency Compensation
6. Frequency Weighting 7. Smoothing via Moving Average

Graph Opti
SPECTRUM raph Options

3D PLOT

. % Scale: Linear, Log,
. Y Scale: EU, dBEU, dBu, dB, dBFS

. Chart Options: Waterfall Plot, § pectrogram

Time-Frequency Domain Analysis
. Processing Mode: Inter-frame, Infra-frame
- Analyzing Mode: STFT, C5D

DAC Devices Ouiput Processing
[Setting]-[DAC | 1. Windowed Mask
Device] 2. Fade In/Out

3. Modulation (AM, FIM, PM)

Waveform Options
Sine, Rectangle, Triangle, Sawtooth,
I1®| WhitePink Noise, Miulti-tones,
MLE, DINE, Arbitrary, WaveFile,

Signal
Generator

Freq./Amp. Sweep ..

L

Device Test Plan LCE Meter
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1.7 Precautions

Signals with high voltage can easily burn your sound card (or your ADC/DAC
hardware) or even your computer. Be extremely careful and strictly follow your sound
card (or ADC/DAC hardware) Bhufacturer's Manual when connecting to external
devices. Do not connect to signals with unknown amplitude. If the signal amplitude is
high, attenuate it first before connecting it to your sound card (or ADC/DAC
hardware).

To avoid personal injury, alway®llow the usual safety rules when working with
electric circuits.

IN NO CASE WILL THE AUTHOR AND THE PUBLISHER OF THE SOFTWARE

BE RESPONSIBLE FOR PERSONAL INJURY, HARDWARE AND/OR DATA
DAMAGE, PROPERTY DAMAGE OR PROFIT LOSS ARISING FROM USE OR
INABILITY TO USE THE SOFTWARE.
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2 Oscilloscope

2.1 Overview

“w Multi-lnstrument Pro 3.1 - [+3DP+DLG+LCR-UDP+¥BM], - ADCl.wav -  <SoundMAX Digital Audio> - [Dscilloscope]

File Setting Instrument Window Help
& | & Trigger [Normal _J|A ~lfup = 0% [ 0% jSamp|:|4.11kHz ~|[a2B ~|[16Bit <|Point[a4100  ~|I” Roll Record|Auto|

CEMESTE: 4 NG > mfac e 1 |Probef1 -1 - e
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o 00005 0ot 0.0015 000 0002 0o QOGS 0004 00085 005
- |-13ee 432 WAVEFDRM + =|
>

[Ths =200 -] Afs2 = llaes -] Blss 1| TR
This is a dual channel Oscilloscope, providing five types of views:

Waveform of Channel A and Channel B
Waveform of Channel A + Channel B
Waveform of Channel AChannel B

Waveform of Channel A Chamel B

Lissajous Pattern for Channel A and Channel B

= =4 =4 -8 -9

Statistical data such as Maximum, Minimum, Mean, Root Mean SqIRIVES),
Skewness and Kurtosialues are also calculated and displayedach frame of data
is time stamped witlan accuracyof 1 ms and lhe time stamp is shown at the lower
left corner of the Oscilloscope view.

The acquired signal can be infeame averaged (synchronously averaged), time
aligned, demodulated (AM, FM, PM), DC removed, hadfve or fullwave rectified,

and digitally filteed before any other analyses. The types of digital filters supported
are: Low Pass, High Pass, Band Pass, Band Stop and Arbitrary. The class of the filter
can be FFT, FIR or lIIR. Reverberation, speech intelligihlitgveform discontinuity

step responsecho, and damping ratamalyses are supported.
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The displayed waveform can be output directly thia default computer sound card
(if the sampling rate and bit resolution of the waveform is compatible igithy
pressinghe Play or Cyclic Play buttonis the Miscellaneous Toolbar.

The Osciloscope also provides a Recdvtbde which can be used to record data to
the hard disk continuously until the recording process is stopped manually or 2
gigabytes of data has been recorded, whichever is earlieroddiéoscope display

can also workn Roll mode with which the screen will be updated in real time even if
the sweep time is long.

The Oscilloscope can perform waveform conversion among acceleration, velocity and
displacement when acceleration, veloatydisplacement sensors are used.

The Oscilloscope can display both analog and digital signals in one window and thus
can be used as a MSO (Mixed Signal Oscilloscope) when used with a hardware MSO.

The Oscilloscope supports digital persistence displaydan Equivalent Time
Sampling (ETS) mode&SINC interpolation between samples.

2.2 Trigger Parameters

Trigger|Nurmalj|A j|U|1 j| 0% :“ 0% i“”"—j

The above toolbar contains (from left to right):
Trigger Mode, Trigger Source, Trigger Edge, Trigger Level, Trigger Delay, Trigger
Frequency Rejectin

The software supports both hardware trigger and software trigger. For hardware
trigger, the triggering capacity is determined by the hardware. Different hardware
may have different contents in the above parameters.

For sound card based data acquositiit is possible to specify a software trigger
condition for collecting a frame of data. There are two concurrent processes in this
context, one is data sampling and collecting, the other is data analysis and display.
Once a frame of data is collectedtonthe PC memory, the software will start
immediately to search for the next trigger event in order to collect the next frame of
data. Meanwhile, the collected data will be analyzed and then displayed. With the fast
PCs nowadays, normally data analysis aiplay will take less time than data
sampling and collecting as the latter one is constrained by the sweep time and cannot
benefit from the fast speed of the PCs. In case that the data sampling and collecting
process is faster than the data analysisdigplay process, the latest frame of data

will overwrite the previous one even if it has not yet been analyzed and displayed.
This is to ensure that data analysis and display will always be performed on the latest
collected frame of data.

In order to obtm a stable display for a periodic signal, the trigger parameters must be
set properly such that there is only one such trigger condition in one cycle of the
signal. The software also features a specially designed algorithm which effectively
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eliminates te lateral shaking of waveform display due to limited sampling rate
compared with the signal frequency.

2.2.1 Trigger Mode

Mormal =
Auto

There are four trigger modes:
2.2.1.1 Auto

Depending on the ADC hardware used, the AL
modeor actually the Free Run mode.

The real Auto mode is similar to the Normal mode (see the section below) in that all
trigger conditions specified are still in effect, except that a frame of data will be
collected even if no trigger has been found aftezertain timeout pert In this
mode, the display mght not be stable even if the signal under test is periodic, due to
the fact that each frame of data may not be started at the same trigger position.

In a Free Run mode, frames of data are collecimablyzed and displayed
continuously without a trigger. Very fast display refresh rate can be achieved in this
mode, however, the display may not be stable even if the signal under test is periodic,
due to the fact that each frame of data may not beedtat the same trigger
position.In this mode, the selectioof Trigger Source, Trigger Edge, Trigger Level

and Trigger Delay is disabled and these parameters are not used.

For sound card based data acquisition, the Auto mode means the Free Run mode.
2.2.1.2 Normal

A frame of dataare collected, analyzed and displayed when the trigger condition
specified is meftThis process will keep going until the oscilloscope is stopped.

For sound card based data acquisition, when the sweep time (record lsngghy i

short, the oscilloscope display may become unstable. It is recommended to use Slow
Trigger Mode when the sweep time (record length) is less than 500 us for internal
sound carg and 5 ms for external sound cartlote that these recommended values
may vary with the sound card used.

2.2.1.3 Single
One frame of data are collected, analyzed and displayed upon the first trigger event.

The data acquisition process stops afterwards. This mode is ideal for transient signal
capturing
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2.2.1.4 Slow

It is similar to the Normal mode, except that the data acquisition hardware will be
reinitialized and restarted automatically every time a new frame of data is collected.
The display refresh rate is thus slow in this mode.

For sound card based data acquositiit is recommended to use this mode when the
sweep time (record length) is very short and the display becomes unstable in Normal
Trigger Mode.

2.2.2 Trigger Source

A
o

When only Channel A is sampled, the trigger source is fixed at Channel A and is not
selectable.

When both Channel A and Channel B are sampled, the trigger source is selectable,
either Channel A or Channel B.

The software also supports EXT (external) trigger and ALT (alternative) trigger if the
hardware used supports theithe EXT trigger can be an external digital trigger or an
external analog trigger withn adjustable trigger level. Under ALT trigger mode,
both channelsra triggered independently aheir own. You can use ALT trigger
mode to obtain stable waveform dis@dgr two independent periodic signals.

2.2.3 Trigger Edge

Five types of Trigger Edge are available:

Up: When "Up" is selected, a trigger event is found when the signal is crossing the
specified Trigger Level from below to above.

Dn (Down): When "Dn" is dected, a trigger event is found when the signal is
crossing the specified Trigger Level from above to below.

Ub (Up or Down): When AUDO is selected,
crossing the specified Trigger Level from below to abové;amn above to below.
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JP (Jump): When AJPO is selected, a trigge
of the signal is greater than the amount specified by the Trigger Level. When the

Trigger Level i's positive, t Triggerdévalisge mus't
negative, the change must be fAJump Downo.
Level =100%0 means that the signal magnitud

ADC full-scale voltage (1/2 Vpp) between two adjacent data points in ardee t
gualified for a tr itld@Pe&s0, nmermmd sit Trhiag g eérh el esvi eg
must decrease by 100% of half of the ADC-&dhle voltage (1/2 Vpp) between two

adjacent data points in order to be qualified for a trigger.

DF (Differential): Whee A DFO i s sel ected, a trigger eve
amount of change of the signal is greater than the absolute amount specified by the

Trigger Level. Under this mode, Trigger Level can only be adjusted from 0~100%.

For exampl e, QGOI%a gmeand etvledt=1t he si gnal ma
or decrease by 100% of half of the ADC {stlale voltage (1/2 Vpp) between two

adjacent data points in order to be qualified for a trigger

The last three trigger edges are generally only available with software trigger.

2.2.4 Trigger Level

Trigger Level is expressed as a percentage of half of the ADGdailé voltage (1/2

Vpp). It is adjustable frora100% to 100%, except that when T gger Edge i s A
Trigger Level can only be adjusted from O to 100%he up and down arrows provide

adjustment in a step of 1%. For finer adjustment, enter the value dir€adtiger

Level can also be adjusted via the Trigger Level Marker descridgéetic t i on A Tr i gg ¢
Mar ker 0.

2.2.5 Trigger Delay

[o% 1]

Trigger Delay spin box is located on the right hand side of the Trigger Level spin box.

It is expressed as a percentage of the Record Length Per Sweep and is adjustable from
-100% to 100%A positive vale means podtigger while a negative value means
pretrigger. Trigger Delay can also be adjusted via the Trigger Delay Marker
descri bed i n Se c.tlfiyourwani thertiggegpoint to Mesglayes r o

at the center of the Oscilloscopher han the default leftmost end (Trigger Delay =

0%), like an ordinary oscilloscope, set the Trigger Delayb@o.

2.2.6 Trigger Frequency Rejection
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NRO ~

NIL
HFR

NR1

NRZ2
NR3
NRA4
HNO
HN1

HNZ2
HN3
HNA
HNX

Trigger Frequency Rejection can be used to filter out noises from the trigger signal to
prevent false tggering. Depending on the ADC hardware used, the available options
can be: NIL (AllPass), HFR (High Frequency Rejection), NRO~NR4 (Noise
Rejection), HNO~HNX (High Frequency Rejection + Noise Rejection). There are
different levels of noise rejection. Gealy, for Levels 0~4, the hysteresialuesare

fixed while for Level X, it is useconfigurable via [Setting]>[ADC Device]. Please
refer to the respective hardware manual for details.

For sound cards (MME and ASIO) and software triggered NI DAQmgscahe
specification of each option is as follows:

Nil: No Rejection

HFR: High Frequecy Rejection, cut off at 0.1I8ampling Frequency]

NRO: Noise Rejection, hysteresis = 1% of half of full scale

NR1: Noise Rejection, hysteresis = 2% of half of fulllsca

NR2: Noise Rejection, hysteresis = 4% of half of full scale

NR3: Noise Rejection, hysteresis = 8% of half of full scale

NR4: Noise Rejection, hysteresis = 16% of half of full scale

HNO: HFR + NRO

HN1: HFR + NR1

HN2: HFR + NR2

HN3: HFR + NR3

HN4: HFR + NR4

HNX: selectable HFR + adjustable hysteresis = 0% ~ 25% of half of full scale
Note: The specified hysteresis may be modified internally to ensure [Trigger Level
(%)] — [Hysteresis (%)]0 -100% at rising edge, or [Trigger Level (%)] +
[Hysteresis (%))) 100% at falling edge.

2.3 Sampling Parameters

|sample[ad.1kHz  ~|[azB ~[[16Bit ~|Point] -]

The above toolbar contains (from left to right):
Sampling Frequency, Sampling Channels, Sampling Bit Resolution, and Record
Length Per Sweep.
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Sampling Parameters together with the Trigger Parametersniehow the data are
sampled and collected. The sampling capability is fully dependent on the ADC
hardware used. Different hardware may have different contents in the above
parameters.

Once the sampling parameter is specified and "Run" button is clitkedl attempt
to start sampling using the specified sampling parameters. An error message will pop
up if the specified sampling parameters are not supported by the ADC hardware.

Note that some sound cards may not generate an error message egesaihpfing
frequency specified excegthe limit. Please check your sound card manual before
you use a sampling frequency greater than 44100 Hz, otherwise measurement error
may be introduced.

2.3.1 Sampling Frequency

48kHz =
ZkHz

4kHz

8kHz

11.025kHz

16kHz

22.05kHz

32kHz

44.1kHz

48kHz
64kHz
88.2kHz
96kHz
176.4kHz
192kHz
384kHz
768kHz

For a sound card based systehe following sampling frequencies can be selected:
2kHz, 4kHz, 8kHz, 11.025kHz, 16kHz, 22.05kHz, 32kHz, 44.1kHz, 48kHz, 64kHz,
88.2KHz, 96kHz, 176.4kHz, 192kHB84kHz, 768kHz In addition, you can enter a
frequency value directly when the Oscilloscopeasrunning.

2.3.2 Sampling Channels

ASB -
A

ARB

For a sound card based system, two options are available:

1T A
Only Channel A is sampled.
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1 A&B
Both Channel A and Channel B are sampled.

2.3.3 Sampling Bit Resolution

16Bit v

dBit

24Bit
3Z2Bit

For a sound card based system, foptionsare available: 8Bit, 16Bit, 24BiB2Bit,

where the 32Bit option can be either in the®2integer or 3zbit float format.

AFl oat 320 wi | | be displayed at the bottom
in 32-bit float format.

2.3.4 Record Lengthper Sweep

Point Ui -

50
100
200
500
1000
2000
5000
10000
20000
30000
40000
50000
60000
500000
1000000

Record Lengtlper Sweep (oper frame) determines how many poirigamples)will

be captured per sweep for each channel. Normally you do not need to specify the
Record Length directly as it is implicitly determined by the Sweep Time and the
Sampling Frequency (Record Length = Sweep Time x Sampling Frequency). When
you change the Sweep Time or Sampling Frequency, the Record Length will be
automatically updated accordingly. Under some circumstance, you may want to
explicitly specify the recortength, for example, you may want the Record Length to
be an integr multiple of 10 or a powesf 2. Then you can either select or enter the
Record Length you want directly. The sweep time will then be automatically updated
accordingly so that all data ps can be accommodated in one sweep.

There are 15 options available for you to select: 50, 100, 200, 500, 1000, 2000, 5000,
10000, 20000, 30000, 40000, 50000, 60000, 500000, 1000000.
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Alternatively, you can enter any number for the Record Length @sdsrthe sweep
time is less than 500 s and the computer memory allows.

Changing Record Length directly is disabled at the very beginning in order to avoid
confusion to beginners. It can be enabled via [Setting]>[Display]>[Enable Record
Length change & "Point" in Sampling Parameter Toolbar].

The maximum Record Length that can be set is limited by the ADC hardware buffer
size. You should always keep this rule in mind when you change the Sweep Time or
Sampling Frequency which will change the Recorddtlernindirectly or when you
change the Record Length directly. This rule is enforced by the software. For
example, if the requested Record Length exceeds the ADC hardware buffer size when
you change the Sweep Time, then the software will attempt to ltheeSampling
Frequency in order to keep the Record Length within the ADC hardware buffer size.
On the other hand, if the requested Record Length exceeds the ADC hardware buffer
size when you change the Sampling Frequency, then the software will attempt to
lower the Sweep Time in order to keep the Record Length within the ADC hardware
buffer size. If the software is unable to enforce the rule, an error message will pop up.

The software also enforces a minimum Record Length when you change the Sweep
Time a Sampling Frequency. This is to ensure that a sufficient number of data points
are acquired in one frame. If the requested Record Length is lower than the minimum
Record Length, then the software will adjust the Sampling Frequency or Sweep Time
in orderto keep the Record Length above the minimum value. It should be noted that
changing the Record Length directly is considered as an intended action and thus is
not affected by this rule. Different ADC hardware may have different minimum
Record Length vakes which are set inside the software.

2.4 Miscellaneous Parameters

L lac ljac | Ed ~JProbe[1 v ~] S5 aprs)

The above toolbar contains (from left to right):

Invert Input Signal button, Channel A Zeroing button, Channel B Zeroing button,
Windows Recording Controlvindows Volume Control, Play button, Cyclic Play
button, ADC Channel A Coupling Type, ADC Channel B Coupling Type, ADC
Channel A Range, ADC Channel B Range, Probe A Current Switch Position, Probe B
Current Switch Position, and Input Peak Level IndicatorsChannel A and Channel

B.

2.4.1 Invert Input Signal

If the button & is depressed, the input signal will be inverted by the software just
after A/D conversion, e.g. +1V will becomelV after the inversion. All the
subsequent processing such as trigggrdata analysis and display will be performed
based on the inverted signal.
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The button is in released state by factory default.

2.4.2 Zeroing

If the input of a channel is connected to its ground, the oscilloscope should display a
straight horizontaline at 0 V. However, this may not always be the case. Some ADC
hardware, if not compensated by software, may display an offset voltage when their
input is actually at the ground level. Therefore, there is a need to compensate this
offset for ADC hardware

1A . This button will only be enabled when the oscilloscope is in running state and the
Trigger Mode is "Auto". Once pressed, a message box will pop up with three options:
Yes, No, Cancel. You will need to connect the input for Channel A to the ground

before you choose Yes, in order to set the ground level for Channel A to zero. If you
select No, then the ground level will be reset to its default value (i.e. no

compensation). You may choose Cancel to cancel the operation.

"f Connect the probe tip to the probe ground and press YES ko set the ground level to zero, otherwise press NO to
L

reset the ground level to defaulk, or press CANCEL to retain the current ground level

Mo | Cancel |

J'B: This button will only beenabled when the oscilloscope is in running state, the
Trigger Mode is "Auto" and the Sampling Channels is "A&B". Once pressed, a
message box will pop up with three options: Yes, No, Cancel. You will need to
connect the input for Channel B to the grotlmedore you choose Yes, in order to set

the ground level for Channel B to zero. If you select No, then the ground level will be
reset to its default value (i.e. no compensation). You may choose Cancel to cancel the
operation.

2.4.3 Windows Recording Cotrol

2.4.3.1 Recording Control before Windows Vista
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8 Recording Control

Cpkions  Help
CD Plaver kizrophone Line In oo Out Wiave Out Mix
B alance: Balance: B alanice: B alance: Balance:
Walume: Yalurme: Yalurne: W alurme: Yalume:
L1
L1
L] |
I_I
[]5elect Select []5elect []5elect []5elect
Soundray Digikal Audio

A typical Recording Control of Windows XP (or other Windows versions before
Windows XP) is shown as above. Different sound cards may have different items in
the Recording Control.

2.4.3.1.1 Soun@ard Selection

When accessing the Windows Recording Control from the Windows Control Panel,
you need to choose the sound card used for data acquisition first if multiple sound
cards exist.

When pressing the buttc ® in the Miscelaneous Toolbar of thesoftware, the
Recording Control of the sound card used by the software for data acquisition will be
opened.

For this software, the Recording Control is used to select the input source and adjust
its internal gain. The selection of sound card is done [@atting]>[ADC
Device]>[Device No.].

2.4.3.1.2 Input Source Selection

From the Recording Control, you can configure the input sources for data acquisition.
The input source can be CD Player, Microphone, Line In, Wave Out Mix, etc,
depending on the sod card used. To test an external electrical signal, either Mic
Input or Line In should be used. Wave Out Mix (sometimes c@l&it er e,0 Mi
AwWhat U Hear o or something similar) <can
sound card. You can seteit as the input source for data acquisition in order to
analyze and display what is being output by the Signal Generator. This, in fact,
switches the software into simulation mode with the loopback at the sound card mixer
level.
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2.4.3.1.3 Input Gain Adgtment

The input gain can be adjusted by moving the volume slider corresponding to the
input source selected for data acquisition. For Microphone, it is usually possible to
further adjust the gain by selecting/removing Mic Boost in the Advanced Cofarols
Microphone as shown below. Normally selecting Mic Boost will increase the internal
gain by 10 times (i.e. 20dB).

Advanced Controls for Microphone §|

These settings can be used to make fine adjustments to your
audio.

Tone Controlz
Thesze zettingz contral how the tane of pour audio sounds.

Baszz:

Treble:

Other Caontralz

These settings make ather changes to how your audio soundz. See
wour hardware documentation for detailz.

Cloze

2.4.3.2 Recording Contrdtom Windows Vist&Dnward
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% Sound Iﬁ
Recording | sounds

Select a recording device below to madify its settings:

’.-i Microphone
E-MU Tracker Pre | LSE
Warling

Franthdic
Fealtel High Definition Audia

-
-
.—5—@ Mot plugged in
=4
I-ﬁl"

Micraophone
Fealtek High Definition Audio
Warking

a LineIn
A FEealtek High Definition Audio

4 .:',:l,:,':. Disalbled
T Stereo Mix
4.;421_ Fealtalk High Definition Audia
8] Disabled

Canfigure Set Default Properties

[ I ][ Cancel ] apply

L.

There are some changes of the Recording Comftooh Windows Vistaonward

Under Windows Vista, you do not select a sound card first and then open its
Recording Control which contains all its input sources and their gain controls. Instead,
you select a scalled input endpoint (i.e. aagicular input source on a paxiar

sownd card, for example, the microphone of a particular sound card) first in the

Windows Sound Recording control panel (see the figure above) and then open its
property window (see the figure below) to adjust its gain.
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- Line In Properties Iﬁ

|General Levels |Enhancements .ﬁ.dvanced|

LlineIn

0

[ Ik ] [ Zancel apply

2.4.3.2.1 Input Endpoint Seleatio

When pressing the buttc ® in the Miscelaneus Toolbar of the software, the
Windows Sound Recording control panel will be opened.

For this software, the Windows Sound Recording control panel is used to adjust the
gain of the selected input endpoiiihe selection of the input endpoint is done via
[Setting]>[ADC Device]>[Device No.]. Note that only the enabled input endpoints
will be available for selection, and any-tre-fly change (e.g. enable/disable, set as
default) of the input endpoints whenetlOscilloscope is running may cause the
software to stop data acquisition. You will then need to restart the data acquisition if
necessary.

2.4.3.2.2 Input Gain Adjustment

The gain of the selected input endpoint can be adjusted by selecting the input
endpoints in the Windows Sound Redmrg control panel and then apeg its
property window to adjust its gain.
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2.4.4 Windows Volume Control

2.4.4.1 Volume Control before Windows Vista

Hi Yolume Control EHE@

Options  Help
YYolume Caontrol YWave S Synth CD Player ticrophone Line In
Balance: Balance: Balance: Balance: Balance: Balance:
' ' B 4 J 48 J 46 46 ¢
Yolurne: Yolurne: Yolume: Yolumne: Yolume: Yolurme:
L]
L]
L1 L] L1 -

[ Mute al [ Mute Mute Mute Mute Mute
SoundtMax Digital Audio

A typical Windows Volume Control is shown as above. Differentngocards may
have different items in the Volume Control.

2.4.4.1.1 Sound Card Selection

When accessing the Windows Volume Control from the Windows Control Panel, you
need to choose the sound card used for signal output first if multiple sound datds ex

When pressing the buttc(]:';r in the Miscelaneus Toolbar of the software, the
Volume Control of the sound card used by the software for signal output will be
opened.

For this software, the Volume Control is used to select the output source astl adj
the output volume. The selection of sound card is done via [Setting]>[DAC
Device]>[Device No.].

2.4.4.1.2 Output Source Selection

From the Volume Control, you can configure the output sources for signal output. For
the Signal Generator of the soft@aall output sources for signal output should be
muted except the VoluenControl and Wave, in ordéo minimize the unwanted
noises.

2.4.4.1.3 Output Volume Adjustment

The output volume can be adjusted via either the Volume Control slider or Wave
slider.
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2.4.4.2 VVolume Contrdtom Windows Vist@dDnward

[ % Sound Iﬁ

Playback |Reu:u:|r|:|ing | Su:uunu:lsl

Select a playback device below to modify its settings:

Speakers
a E-MLU Tracker Pre | LUSE
| Warking
Speakers
Realtel High Definition Audia
@ Warking

Canfigure Set Default Properties

[ I ][ Cancel ] apply

Under Windows Vista, you select a-called output endpoint (i.e. a partiauoutput
destination on a parikar sound <car d, for exampl e, t he
sound card) first in th&/indows Sound Playback control panel (see the figure above)

and then open its property window (see the figure below) to configure its output

source and output volume.
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[ Speakers Properties Iﬁ1
a sp p

|General Levels |Enhancements .ﬁ.dvanced|

Fealtel HD Audio output

0 5 4] (e

P Beep -

07w
07w
Fronthdic
0 )
LineIn
]

m

Microphone

[ o] 4 ] [ Zancel apply

2.4.4.2.1 Output Endpoint Selection

When pressing the buttc@ in the Miscelaneus Toolbar of the software, the
Windows Sound Playback control panel will be opened.

For this software, the Windows Sound Playback control panel is used to select the
output source and adjust its output volume. The selection of the output endpoint is
donevia [Setting]>[DAC Device]>[Device No.].

2.4.4.2.2 Output Source Selection

From the property window of the selected output endpoint, you can configure the
output sources for signal output. For the Signal Generator of the software, all output

sources fosignal output should be muted except the masbéume Control, in order
to minimize the unwanted noises.

2.4.4.2.3 Output Volume Adjustment

The output volume can be adjusted via the master Volume Control slider.
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2.4.5 Waveform Play

The waveform diplayed in the Oscilloscope can be played (outfuugh the

default sound cartly pressing th.™ button in the Miscellaneous Toolbdote that

this playback is possible only if the sampling rate and bit resolution of the waveform
is compatible with theNindows default sound cardDuring playback,a playback
cursorwill appear andnove along the waveform to indicate the current posititime
cursor remairs visible until playback is completed.You can pauselayback by
pressng the button again. Whehe playback is paused, dragging the base triangle of
the playback cursor changes the playback position.

Az Max= 336.03 mV Min= -362.09 mV Mean= 1 pv RMS= 55.234 mV
A (V) B: Max= 357.18 mV Min= -362.79 mV Mean= 1 pv RMS= 57.659 mV B (V)
1r =1
il

0.8 0.8
0.6 0.6
0.4 0.4
0.2 0.2

0 il 1)
-0.2 -0.2
0.4 0.4
0.6 -0.6
-0.8 0.8

1 * 1

5 10 15 20 25 30 35 40 45 50

+04:01:46:149 WAVEFORM s

2.45.1 Play Speedhangingand Pitch Shifting

The default play speed ike original sampling frequency. If there is a need to adjust

this speed, click the ™ button with the CTRLkey down, the following dialog box
will pop up.

Play Speed Setting >

5 ampling Frequency Original j

44 1kHz
48kH=

]S | Cancel |

The iiOriginaldo sampling frequency ialwaysselecteduponsoftware restart. You can
select or enter a new sampling frequency directly and click OK. The softwire wi
thencreate a temporary filB~temp.waw in the softwarés installation directory and
replayit. You can rename #file to keepa pitchshifted and speedhanged WAV
file, in order to convert an inaudible signal to an audible one.

2.4.6 Waveform Cylic Play
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The waveform displayed in the Oscilloscope can be cyclically played (otiypotgh

the default sound cartly pressing the™= button in the Miscellaneous Toolbar.
Releasing this toggle button will stggnd resethe cyclic playing. Note that his
playback is possible only if the sampling rate and bit resolution of the waveform is
compatible with the Windows default sound card.

2.46.1 Play Speed Changing and Pitch Shifting
Same as 2.4.5.1.

2.4.7 Coupling Type for ADC Channels A & B

jac_~flac |

The left one is for ADC Channel A and the right one is for ADC Channel B.

Almost all sound cards are AC coupled. For other ADC hardware, the options can be
AC, DC or GND, depending on the hardware used.

2.4.8 Range for ADC Channels A & B

| M| [

The leftone is for ADC Channel A and the right one is for ADC Channel B.

For sound cards, calibration is normally required in order to determine their ADC
ranges, and their ADC rangechange with their input gain setting which is adjustable
via the Windows Recding Control.

Calibration is normally not required for other ADC hardware with the ADC ranges
explicitly specified. If the hardware supports multiple ADC ranges, the above combo
boxes will become selectable.

2.4.9 Current Switch Position for Probes A& B

Probe[1 ~|[1 ~|

The two combo boxes on the right hand side of "Probe" in the Miscellaneous Toolbar
allow you to select the probe attenuation factors corresponding to the current
attenuation switch position on your probes or test leads. The left one is for CAanne
and the right one is for Channel B. You can have at m@stvitch positions. The
dedicated sound card oscilloscope probe supplied by Virtins Technology is best suited
for sound card based systems.

Please refer to/IRTINS Sound Card OscilloscopeoBe Manual.
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Download link:
https://www.virtins.com/VirtinsSoundCard OscilloscopeProbeManual.pdf

Note that these two combo boxes only allow you to select tmeespmnding
attenuationfactors so that thesampled data can be scaled propéamlyhe software

They will not set thehysicalswitch position on the pbe for you. You have to set it
manually. More generally, this function can be very useful to propedgle the
sampled data for those ADC devices that have attenuation (gain) switches not
controllable from Multiinstrument.

The actuallabels andattenuation factordor different switch positios can be
configuredvia [Setting]>[Calibration] Thiswill be introduced later in this document.

2.4.10 Input Peak Level Indicator for ADC Channels A & B

94% {-0_5 dBF S)
24% (-0_5 dBF S)

The above two Input Peak Level Indicators reflect the peak level of the frame of data
acquired, the upper one is for Channel A and the lower one is for €h&nnit is
expressed as a percentage of the ADIC-scalerange. The color of the indicator
changes gradually from green to orange as the percentage goes from 0% to 100% (i.e.
0 dBFS).

If the Input Peak Level is equal to 100%e indicator will be dlly filled with red

color. Under this situationt is recommended to lower the input gain of the hardware,
increase external attenuation, or lower the signal under test directly, in order to avoid
peak clipping from happening.

2.5 View Parameters

T [10ms -|x1 ~| A |Auto ~|| off +| M{A2B  ~| B |Auto - | off -|

View Parameters determine how the collected data are displayed and analyzed.

2.5.1 Sweep Time (T)
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400ns -
500ns
s
2|
EIES
Sps
10ps
20ps
40|15
50ps
100ps
200ps
400ys
500ps
Tms
2ms
Ams
bms

20ms
40ms
50ms
100ms
200ms
400ms
500ms
1s

2s

g

bs
10s
20s
40s
hbs
100s
200s
400s
LK00s
Record o

T |1I]ms j

Unlike other view parameters, Sweep Time (T) is not only a view parameter, but also
a sampling parameter. It determines the number of samples toeasgoine sweep
(=[Sweep Timex[Sampling Frequency])

There ae 49 options for Sweep Tim&hey are 1 ns, 2 ns, 4 ns, 5 ns, 10 ns, 20 ns, 40

ns, 50 ns, 100 ns, 200 ns, 400 ns, 500 ns, 1 s, 2 ys, 4 us, 5 ps, 10 us, 20 ys, 40 us, 50
Ms, 100 pus, 200 ps, 4005, 500 ps, 1 ms, 2 ms, 4 ms, 5 ms, 10 ms, 20 ms, 40 ms, 50
ms, 100 ms, 200 ms, 400 ms, 500 ms, 1s,2s,45s,5s,10s,20s,40s,50s, 100 s, 200
s, 400 s, 500 s, Record.

This parameter is applicable to all types of views in the Oscilloscope.

Notethat if you select longer sweep time, it will takalonger time for the acquired

data and analyzed results to be shown on the screen. When the sweep timg is long
you can ti ck bokimée SaRminglParametar & aoloar in order to get
real time update of the screen. Please refer to the section for Roll Mode for details.

| f ARecordo is chosen, the oscill oscope
the section for Record Mode for detalils.
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2.5.2 Sweep Time Multiplier

The Sweep Tira Multiplier is the zoomindactor for T axis. There are Ildptions
available: x1, x2, x5, x10, x20, x50, x100, x200, x500, x16@D00, %5000,
x10000, x20000, x50000, x100000

When "x1" is selected, the full range of the Sweep Time is displayed ovetidtie
of the view.

If you change the Sweep Time Multiplier to "xN" which is greater than 1, then only
1/N of the full range of the Sweep Time is displayed over the width of the view, with
a horizontal scrollbar at the bottom which allows you to scradr dlie full range of

the Sweep Time.

This parameter is applicable to all types of views in the Oscilloscope except Lissajous
Pattern display.

This multiplier can also be adjusted via the magnifying glass which will be shown if
you put themousecursor jst below T axisLeft click to zoom in and right click to
zoom out.Zoom in/out can also be performed usthg mouse wheel Mouse wheel
down & scroll will resethe Multiplier to"x1".

2.5.3 Channel A Display Range
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Off ~
Auto
+1p¥

+ 2p¥

+ 5p¥
+10pV
+ 20p¥
+ 50pV
+100pY
+ 200pV
+ 500pV
+1n¥

+ 2n¥

+ 5n¥

+ 10n¥Y
+ 20nY
1 50nY
+100nV
+ 200nV
T 5000V
+ 1y

+ 2py

T+ huy

T 10py
+20py
T hOpY
+100py
+ 200py
+ 5000y
T 1my
+2my
+ 5my
+10mY
1 20mY
+ 50mY
+100mY
1 200mVv
+ 500mY
+1v v

T|izv -|

You can specify the Display Ranfie Channel A. Available options ar®ff, Auto,
+1pV, +2pV, 50V, £1QpV, 2oV, +50pV, £10QV, 20V, £50QV,+1nV, +2nV,
+5nV, £10rv, £20rV, £50rVv, £100rV, +200rV, 5001V, £1pV, +2uV, 5V,
+10pV, +20WV, £50 W, £100V, 200V, +500V, £1mV, £2mV, £5mv, +10mvV,
+20mV, £50mv, £100nV, £200nV/, 500NV, +1V, +2V, 5V, £10v, +20V, +50V,
+100v, +200v, #500v, +1KVv, +2kV, +5kV, +10K/, 20K/, +50Kkv, +100K/,
+200Kkv, +500K/, 1MV, +2MV, +5MV, £10MV, +20MV, +50MV, +100MV,
+200MV, £500MV, +1GV, £2GV, +5GV, +10GV, +20GV, +50GV, +100GV,
+200GV, +500GV. Note that the engineering unit of the above options is determined
by the engineering unit of the sensor for Channel A, which can ebevia
[Setting]>[Calibration]>"Sensot> "Unit". For example, if the unit i%g" insteal of
"V", then the unit in all the above options will be changéd'to

When "Off" is selected, the signal in Channel A will not be displayed in the
Oscilloscope. When "Auto" is selected, the Display Range for Channel A will be set
automatically by theaftware based on the following formula:

Display Range = the nearest integer thateigual to orgreater than the value of
[ADC Range] / [Sensor Sensitivity]

where the sensor sensitivity Btvia [Setting]>[Calibration]*Sensor">"Sensitivity:"
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This parameter is applicable to all types of views in the Oscilloscope. It should be
noted that in "Channel A + Channel B" view, this voltage display range is for
"Channel A + Channel B". Similarly, In "Channel iAChannel B" view, it is for
"Channel Ai Chamel B", and in "Channel A Channel B" view, it is for "Channel A

3 Channel B".

2.5.4 Channel A Multiplier

The Multiplier for Channel A is the zooming factor for A axis. There are 9 options
available: Off, x1, x2, x5, x10, x20, x50, x100, x200.

When"Off" is selected, the full Display Range for Channel A is displayed over the
height of the view.

When "x1" is selected, initially the full range is displayed over the height of the view
with a vertical scroll bar on the left of the view. You can usestiiell bar to move
the data curve for Channel A up and down.

If you change the multiplier to "xN" which is greater than 1, then only 1/N of the full
range is displayed over the height of the view, with a vertical scrollbar on the left of
the view. You camse the scroll bar to scroll over the full Display Range.

This parameter is applicable to all types of views in the Oscilloscope except Lissajous
Pattern display. It should be noted that in "Channel A + Channel B" view, this
parameter is for "Channel A €hannel B". Similarly, In "Channel A Channel B"

view, it is for "Channel A' Channel B", and in "Channel A Channel B" view, it is

for "Channel A> Channel B".

This multiplier can also be adjusted via the magnifying glass which will be shown if
you pu the mousecursor on the left side of A axid.eft click to zoom in and right
click to zoom out. Zoom in/out can also be performed using SHIFbasemwheel
SHIFT + nouse wheetlown & scroll will resethe Multiplier to"Off" .

2.5.5 View Type
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AZB
AtB

AB |
AxB
AlB

[

There are five types of views in the Oscilloscop&&B, A+B, A-B, A3B, A|BA
Changing theView Type will affect the calculation of the following Derived Data
Points (DDPspf Channel Ain the Oscilloscope

(1) Max_A(EU): Maximum value for Channel A or combined

(2) Min_A(EU): Minimum value for Channel A or combined

(3) PP_AEU): Peakto-Peak value for Channel A or combined

(4) Mean_A(EU): Mean value for Channel A or combined

(5) RMS_A(EU): RMS value for Channel A or combined

(6) PWR_A(W): Power value (= RMS Load Factor) for Channel A or combined

It will also affect the fdlowing DDPs of Channel A in the Multimeter:
(1) RMSDBV_A(dBEU). RMS value in dBEU for Channel &r combined
(2) RMSDBu_A(dBu): RMS value in dB for Channel Aor combined

(3) RMSDB_A(dB) RMS value in dB for Channel &r combined

However, it does not aff¢ the calculation of otheDDPs of Channel An the
Oscilloscopesuch as

(1) SkewnessA: Skewness for Channel A

(2) Kurtosis_A Kurtosis for Channel A

(3) PeakLevelPercent_A(%): Pebkvelin Percentage for Channel A

(4) PeakLeveldBFS_A: Peak Level dBFS for Channel A

(5) WaveformComparisonH_A: Waveform High or Highgh Limit Alarm for
Channel A

(6) WaveformComparisonL_A: Waveform Low or Lewow Limit Alarm for
Channel A

Channel B has all the above mentioned DDOP® calculation ofthemis not affeted
by the selection of View Type.

255.1A&B
Waveform display of Channel A and Channel B

255.2A+B
Waveform display of Channel A + Channel B

255.3A-B
Waveform display of Channel AChannel B

255.4AxB
Waveform display of Channel A ChannelB.

As an example, the following figure shows how to use this function to measure power
factor. The instantaneous voltage and current are measured by Channel A and
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Channel B respectively. Thmeasured RMS voltage in ChannelisA707 mV while

the measureBMS currenin Channel Bis 707 mA This results in an apparent power

of 0.707(V}0.707(A)=0.50(W). The real power is obtained by the mean value of
AxB and reads 0.38V here. Therefore the power factor .6354/0.50=0.71ln this
example, the voltage aralirrent are both sine waves and have a phase difference of
45°, Thus the power factor can also balculated ascos(4%)=0.71. The Panel
Setting File of this measurement can be found in the soft@anastallation
directorypsfiPowerFactor_FFT32768_SBA00.psf.

“» Multi-Instrument Pro 3.7 - [+3DP+DLG+LCR-UDP+VBM] - 1.wav - =SoundMAX Digital Audio>

File Setting Instrument ‘Window Help

= uTriggEr‘Auto j‘ J| Jl :I :“ JSample‘dﬂkHz
® MR @ 0 BT e W e oefac cfac -]

¥ Oscilloscope |L||E|
B (VT2 AxB: Mo SS3514THIS MY Mn= -M54285053 MY Meare  393.52872200 miv RMS= 49936511477 miv
Y] B4

~|[azB ~[[16Bit ~|Point|
J Probe|1 ~|1 ~
= oo :

707.082 mv
707.082

0.05
WAVEFORM

% a4 0z
FFT Segrents<1  Resolution: 0.732472Hz

nd ns 06
NORMALIZED AMPLITUDE SPECTRUM

T[1s w[[x10 +] A Aute ~|[on - MlaxB ~] B I

25.5.5A|B (XY Mode, Lissajous Pattern)
Lissajous Pattern display for Channel A and Channel B.

The following figure illustrates the Lissajous Pattern of a 1 kHz sine wave in Channel
A and 4 kHz sine wave in Channel B.
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2.5.6 ChannelB Display Range
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You can specify the Display Range for Channel B. Available options are: Off, Auto,
+1pV, £2pV, +5pV, 100V, 200V, +50V, +10QV, +20QV, 500V, +1nV, +2nV,
+5nV, +10rv, +20rV, £50rv, +100rV/, +200rV, +500rV, 1V, +2uV, 5V,
+10V, 200V, + 50V, +100V, 200V, 500V, +1mV, +2mV, +5mV, +10nV,
+20mV, £50nV, £100nV, £200nV, +500nV, 1V, +2V, +5V, £10V, +20V, 50V,
+100v, +200v, +500v, £1kV, +2KkV, +5kV, +10K/, +20K/, 5V, 10KV,
+200Kkv, +500K/, 1MV, £2MV, +5MV, £10MV, +20MV, +50MV, +100MV,
+200MV, +500WV, +1GV, +2GV, +5GV, +10GV, +20GV, +50GV, +100GV,
+200GV, +500GV. Note that the engineering unit of the above options is determined
by the engineering unit of the sensor for Channel B, which can be set via
[Setting]>[Calibration]>"Sen®r'>"Unit". For example, if the unit i8g" instead of

"V", then the unit in all the above options will be changédjto

When "Off" is selected, the signal in Channel B will not be displayed in the
Oscilloscope. When "Auto" is selected, the Display dggafor Channel B will be set
automatically by the software based on the following formula:

Display Range = the nearest integer thateigual to orgreater than the value of
[ADC Range] / [Sensor Sensitivity]

where the sensor sensitivity is set \@&ting]>[Calibration]>"Sensor>"Sensitivity'.
For single channel data, this control will be disabled.

This parameter is only applicable to two types of views: Channel A & Channel B and
Lissajous Pattern. It is disabled in the other two types of views.

2.5.7 Channel B Multiplier

The Multiplier for Channel B is the zooming factor for B axis. There are 9 options
available: Off, x1, x2, x5, x10, x20, x50, x100, x200.

When "Off" is selected, the full Display Range for Channel B is displayed over the
height of the View.

When "x1" is selected, initially the full range is displayed over the height of the view
with a vertical scroll bar on the right of the view. You can use the scroll bar to move
the data curve for Channel B up and down.
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If you change the moitiplier to "xN" which is greater than 1, then only 1/N of the full
range is displayed over the height of the view, with a vertical scrollbar on the right of
the view. You can use the scroll bar to scroll over the full Display Range.

This parameter is dy applicable to one types of view: Channel A & Channel B. It is
disabled in other types of views.

This multiplier can also be adjusted via the magnifying glass which will be shown if
you put themousecursor on the right side of B axilseft click to zoan in and right
click to zoom out.Zoom in/ out can also be performed using CTRL 6use wheel
CTRL + nouse wheetlown & scroll will resetthe Multiplier to"Off" .

2.6 Menu

The Oscilloscope has its own menu and additional functions can be accessgt th
the menu items in each submelick anywhere within the Oscilloscope window
will switch the softwaré main menu to the Oscilloscope menu.

2.6.1 File SubMenu

File  Setting Instrument Window Help
Mew Ctri+M
Open... Ctrl+0
Open Erame by Frame...
Import...
Combine...
Extract...
Close
Save Ctrl+5
Save As...

Print Screen...

Oscilloscope Export...
Oscilloscope Print... Ctrl+P

Oscilloscope Print Preview

1 Blackman_24Bit_1024Pt
2 Hanning_24Bit_1024Pt

3 KaiserB6_24Bit_1024Pt

4 BartlettHan_24Bit_1024Pt
Exit

This submenu provides access to the file operation and printing functions.

2.6.1.1 Nev (File SubMenu) (ALF-N, CTRLN)

The command is used to create a new, blank document for measurement, with the
system default panel setting fixed in the factory. The new document will be used to
hold the latest collected frame of data.
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This command isalso available through the butt == in the Instrument Toolbar.
When there is no Oscilloscope, Spectrum Analyzer and Multimeter opened, click the
above "Oscilloscope" button will open a new document without changing the current
Trigger and Sampling Paramete

2.6.1.2 Open (File SubMenu) (AEFO, CTRLO)

The command is used to open an existing document. Only standard and extensible
WAV files in PCM format can be opened. An error message will pop up if the file
format is not recognizable. WAV files withGM format are widely supported by
many softwargroducts You can use a thirdarty softwargrogramsuch as "Sound
Recorder" provided in Windows to record the data and then use-Mstitument to
display and analyze the data.

This command is also avdile through the buttoJEin the Sampling Parameter
Toolbar. Only one document can be opened at a tifhés possible taopena WAV
file through fADrag and Dropo when the Oscil

If the file to be opened is too big to be held in orszillbscope frame, the software
will automatically opent frame by frame

This command will reset the current panel setting #fiefile is loaded.

2.6.1.3 Openvith Current Panel SettinfFile SubMenu) (ALF-W)

The command is similar to the [FilgOpen] command, except that it will try to keep
the current panel settiragterthe file is loaded.

2.6.14 Open Frame by Frame (File SubMenu) (AEF)

The command is the same as the Open command described previously, except that it
opens a WAV file fame by framelt is particularly useful for opening long WAV

file. The framewidth (i.e. Record Length Per Sweep) should be set firfhe
following dialog box will pop up after the file to be opened is selected. You can either
specify the framevidth in millisecond or number of pointsThe total file length in
millisecond and points are also displayed for reference.
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Frame Width e
|1 0 ms /1000 ms
|441 Points /44100 Paints

Cancel |

For example (see figure below), if thame widthis 441pointsand the WAV file has
44100 pointsin total, then the file will be dig into 100 frames with each frame
contains 441 points. Under this mode, the Long Wave File Navigation Toolbar
becomes visible. The meaning of each component in this toolbar is listed as follows:

“w Multi-Instrument Pro 3.1 - [+3DP+DLG+LCR+UDP+VBM] - ADCl.wav - =SoundMAX Digital Audio>
File Setting [Instrument Window Help

(& & & Trigger [Tl -|*  Jlup = 0% [ 0% {sample[atiknz  ~|[a  «|[16Bit < |Point[iai | foll Record| Auto

o EMBORNEZ 4 s NO > nfac - v v ~|Probe[i <[ - | T————————
O et | 0.08s1s [ox -

% Oscilloscope
Al A Mo DU W MIn=-DUBSE06 ¥ Meane 000000 V' RiE= 063637 ¥

5
I+ 25 F505.000 WAVEF ORI .3

- Ponk Froguency= 1000 He

o
o 3
FFT Segrerds:d  Resolution: 430688H:

®1 ®a 07 =

48 &3 3z ns 133
HORMALIZED AMPLITUDE SPECTRUM kHz

. Frame Up, if pressed, the current frame positioh mvdve one frame backward
if the beginning of the file has not been reached yet.

® . Frame Down, if pressed, the current frame position will move one frame forward
if the end of the file has not been reached yet.

" . Frame Auto Scroll, a toggle button,pfessed down, the current frame position
will move forward frame by frame with or without overlap automatically till the end
of the file is reached. Every frame will be analyzed and displayed according to the
current settings, and no frame will be skippedhis feature is very useful for
performing postinalysis such as Spectrum 3D Plot and Data Loggingreatically
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on a long WAV file. During the auto scrolling process, the Frame Up and Frame
Down buttons are disabled. If the Frame Auto Scroll buttoreleased up, the auto
scrolling process will stop, and the Page Up and Page Down buttons will be enabled
again.

“““““ S s CURFENE Frame Position slider. It reflects the
position of the current frame with regards to the length of the file. It can also be used
to adjust the position of the current frame.

| 0.08s/1s |: Current Frame Position/Length of the FileFor example,
0.08s/1s means that the current frame starts at 0.08 second and the length of the file is
1 second.

0% j': Frame Overlap Percentage. This parameter specthe inteifframe
overlap percentage and has effect on Frame Down, Frame Up, Frame Auto Scroll
commands. It can be set from 0% ta®8. As a comparison, the Window Overlap
Percentage in the Spectrum Analyzer View Toolbar specifies thefiatre ovelap
percentage of FFT segments. You can combine the two overlap percentages to
achieve a certain overall overlap scheme for FFT analysis.

During frame navigation, it is possible to save the current frame of data as an
individual wave file.

2.6.15 Import (File SubMenu) (ALF-1)

This command is used to import data from a properly formatted TXT file. The
following illustrates the format of the TXT file for single channel and -agixannel
cases.

(1) Format for Single Channel:

Example:
:Data Points

;Samping Frequency (Hz) = 44100
:Sampling Bit Resolution (Bits) = 16
;Sampling Channels = 1
;A:Full-scale Voltage (V) =1
;A:Sensor Sensitivity (V/V) = 1
;Total Data Points = 441

;Digital Channels = 0

1,0

2,0.141968

3,0.281097

e é

439:0.41449

440;0.281097

441-0.141968
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(2) Format for Dual Channels:

Example:

;Data Points

;Sampling Frequency (Hz) = 44100
:Sampling Bit Resolution (Bits) = 16
;Sampling Channels = 2
:A:Full-scale Voltage (V) =1
;A:Sensor Sensitivity (V/V) =1
:B:Full-scale Voltage (V) =1
;B:SensoiSensitivity (V/V) =1
;Total Data Points = 441

;Digital Channels = 0

1,0,0

2,0.1419680.141968
3,0.2810970.281097

eé

439;0.41449,0.41449
440;0.281097,0.281097
441;0.141968,0.141968

The first a few | ines . (Thetvauesn theirighthhand ; 6) f o
side of Ai=06 are i mportant, they specify t
Resolution (Bits), Number of Sampling Channésalog) Full-scale Voltage (V),

Sensor Sensitivity (V/V), Total Number of Data Pojngd Number of Digita

Channels Note that the unit of the Sensor Sensitivity is expressed as [ADC
Engineering Unit] / [Sensor Engineeritnit]. The software supports thré&ends of

ADC Engineering Units, Voltage (VAmpere (A),and Coulomb(C) depending on

the ADC hardwareised. The Sensor Engineering Unit can be configured freely.

I
I,

Sampling Bit Resolution (Bits) can be 8, 1
32-bit floating formatin contrast to thether fourinteger formag. These formats are

used by the softwarto store datanternally. The same format will be used if the

imported data are savada WAV file.

The header lines are followed by the data lines. Each data line contains two (single
channel) or three (dual ahnels) comma separateduss. The first \ariable is the
sequential number, and the second and third variables are thie dataneering units

for Channel A and Channel B respectively.aninteger format is used in [Sampling

Bit Resolution (Bits)], thenhte absolute values of all the data o lower than the
value of [Fultscale Voltag€Current/ Charge) / [Sensor Sensitivity] specified in the
headerlinesThi s is to prevent t heButihSu@aoes rom be
not apply tothe 32-bit floating format. The software will stl function correctly if the
sequential numberareomitted. It is also possible to impdraredata without header

lines (see examples below)n this case, the 3Rit floating format will be used
automatically with [Fulscale Voltage (V)] =1 andSensr Sensitivity (V/V]) = 1

(3) Bare datdor Single Channglwithout header lines)
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Example:

0
0.141968
0.281097
éeé
-0.41449
-0.281097
-0.141968

(4) Bare datdor Dual Channe$ (without header lines)

Example:

0,0
0.141968,0.141968
0.281097-0.281097
e é
-0.41449,0.41449
-0.281097,0.281097
-0.141968,0.141968

(5) BareData with Sampling Timénformationfor Single Channe$ (without header
lines)

Example:

0.000,0
0.0010.141968
0.0020.281097
e é
0.997;0.41449
0.998;0.281097
0.999;0.141968

(6) Bare Data with Samling Time Information for Dual Channe$ (without header
lines)

Example:

0.000,0
0.0010.1419680.141968
0.0020.2810970.281097
e e
0.997;0.41449-0.41449
0.998;0.281097-0.281097
0.999;0.1419680.141968

Under the above situation, the following ldig box will pop up, requesting additional
information about the dataincluding samplingfrequency samplingbit resolution,
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number of channelsand engineering unitThese fields will be automatically
populated by the software based on its analysis efd&ita. The user cagither
confirm or modify themas needed

Data Parameters hod

5ampling Frequency [Hz] |4EDDU

Sampling Bit Resolution 32Float

Engineering Unit

HTT]

In addition to the standard format described above, the TXT files exported by the
Oscilloscope Spectrum Analyzer (in Auto / Cross Correlation and Impulse Response
Modes) and Signal Generatr, which have a slightly different format than the
aforementionedones (i.e. one more column for time informatioror sejuential
numbe}, can also be imported for analysis.

It is possible to import a TXT filie throug
not running.

This command will reset the current panel setting after the file is imported.

Some sampl@XT files are provided in the WAV directory of the software and can be
used as templates.

2.6.16 Importwith Current Panel Settin(File SubMau) (ALT-F-H)

This command is similar to the [File]>[Import] command, except that it will try to
keep the current panel setting after the file is imported.

2.6.17 Combine (File SubMenu) (AEHR-B)

This command is used to combine data from individuahaoklsof two WAYV files.

One WAV file must be opened first. Then you can load the data from either channel
of the second WAV file and use them to replace/combine the data in either channel of
the currently opened WAV file.

WAV files that can be combinedhust have less than or equal to two channels' data,
with the same sampling frequsnandsampling bit resolution. The record length of
the second WAV file must be less than or equal to that of the first WAV file.
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2.6.18 Extract (File SubMenu) (ALF-T)

This command is used to extract data from the currently opened WAV file and save
them into a new WAV file.

From To

Time 19.994 ma

Fairt |1 |441 coLnt

Save az | Cancel |

You caneither specify the timeangeor thepoint numberrangeto extract data.The
range can also be specified by placing two markers irOalloscope. Pressing
"Save as" to store the extracted data to a WAV file.

2.6.19 Close (File SubMenu) (ALF-C)

This command is used to close an opened document. If the document content has been
changed and the change has not yet been saved,sagedsox will pop up to ask
whether you want to save the change or not.

2.6.110 Save (File SubMenu) (AER-S, CTRLS)

This command is used to save an opened document. If the document is new, then you
will be prompted to give a file name for the document

This command is also available through the bu™in the Sampling Parameter
Toolbar. This function is disabled when the document is empty.

2.6.111 Save As (File SubMenu) (AIFFA)

This command is used to save an opened document with a speciifdeneame.
This function is disabled when the document is empty.

2.6.112 Print Screer(File SubMenu) (ALF-R)

This command allows you to print the currently displayedtentin the main window
of the softwardo a printer.

2.6.1.183 Oscilloscope Eport (File SubMenu) (AL-F-E)

This command is used to export either the measured tdaga TXT file or the
currently displayed graph @ BMP file. When clicked, a "Save As" window will pop
up. You can specify whether you want to export as a TXT fila &MP file by
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selecting "Text File (*.txt)" or "Bitmap File (*.bmp)" in the "Save as type" combo box.
The exported text files can be imported into third party software such as Microsoft
Excel for further processing and analysis.

This function is disabledhen the document is empty.
2.6.1.4 Oscilloscope Print (File SubMenu) (AtH-P, CTRLP)

This command allows you to print the currently displayed grapghe Oscilloscope
to a printerThis function is disabled when the document is empty.

2.6.1.5 Osciloscope Print Preview (File SubMenu) (AEFV)

This command allows you to have a preview before printing. This function is
disabled when the document is empty.

2.6.1.6 Recent File (File SubMenu)

Up to four recently opened files will be remembereduMan directly open them
from the Recent File List.

2.6.1.77 Exit (File SubMenu) (ALF-X)
The program will exit upon this command.

2.6.2 Setting SubMenu

S [nskrument  Window  Help

Restore to Fackory Default. ..
AL Device, .

Dac Device, .,

Calibration, ..

Displaw...

Makes, ..

ADC Device Dakabase, .
L& Device Database. .,

Cscilloscope Processing,. .
Cscilloscope ¥ Scale. ..
Csrilloscope Chart Options., .,
Csrilloscope Reference. ..

Save Current Panel Setking as Default
Save Current Panel Setting
Load Panel Setking

Configure Hot Panel Setting Toalbar, ..
v Show Hot Panel Setting Toolbar
Change Password, .

This submenu provides access to various setting functions.
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2.6.2.0 Restore to Factory Defauidtting SubMenu) (AL$-U)
Refer to Section 1.3.1.1.

2.6.2.1 ADC Device (Setting SubMenu) (AxAR)

W ADC Device Setting X

Device Selection Mizcelaneous

Device Madel Device Category Device No. I—

[Sound Card MME | [Sound Card MME Microphore [Scarztt Solo USE) ~| r
™ AutcRanging 0 ~| dBFS

[ AutoScaling
™ Auto Button for AutoR anging only

Trigger Type Buffer Size [Bytes/Channel]
|Snftwara Trigger j |4234957295

Analog Channel Configuration Trigger Frequency Rejection HNx
Channel  Device Channel Fange Coupling Type  Teminal Type IEFE [md) ¥ High Frequency Rejsction

& |D J |3W J ‘AC J |Delaull J |N|L J Moise Rejection Hysteresis (2] [10
B 1 =] Jav | Jac | [Detaun =] [mic =]

Digital Channel Configuration Channel Operation

Chanrel Range V) Threshold (V) ‘ NIL j
r |D |U

This dialog is used to select and configure the current ADC device used by the
software. You must make sure the device is already connected tantpeteo before
selection.

The device models available for selection are configured via [Setting]>[ADC Device
Database] which will be described later. Once you select a device model in the Device
Model combo box, the rest of parameters will be updated @diogy. If multiple
devices in the same device category exist in the system, then you can select one of
them via the Device No. combo box. You may also need to select the Trigger Type,
Device Channel, Range, Coupling Type and Terminal Type, etc., degeoulithe
device model sel ected. Pl ease refer to
description of these itemslf the selected ADC device allows enablihgisabling

IEPE excitationat the input then the IEPESelectionboxeswill be enabled. Sekt

ANILO to disable IEPE excitatiorand selecbr enter a nofzero excitation current
value(in mA) to enable it at the specified value (if the hardware supports that value).
SomeADC devices come with their own control panels, such as those with ASIO
drivers. If the control panel is available for the selected device, the Control Panel
button will be enabled. Clicking it will open the control panel.

The selection for Range and Coupling Type is also available in the Miscellaneous
Toolbarin the main windwv.

Multi-Instrument supports two logic ADC channefsand B. If the device has more
than two physical ADGchannels, then you need to assign two of them to the two
logic channels.

In addition to the analog input channels, some ADC devices such as U2819
and VT DSG2810E, have digdl input channels. You can choose to display the
signals from the digital input channels in the oscilloscope vigwchecking the
respective chedloxes. It may be possible to adjust the thresholds for digitizing the
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anabg signals connected to the digital input channels, depending on the hardware
used. The figure below is an example of the mixed signal display.

v Multi-Instrument Lite 3.3 - =¥T DS0-2810=> - [Oscilloscope]

File Setting  Instrument ‘wWindow  Help - 8 %X
& W Trigger [Normal ~|[B ~[lup ~|[ 0% [ 0% [N ~[Sample[ioMHz  ~|[azB ~|[sBit ~|Pointfiooon |~
o TMmE i e [ac ~|lac ~|[s2v ~|[=5v ~|Prone[1 ~|[1 F[EEE S
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In the Miscellaneous section of tA®C DeviceSettingdialog, there aréve options:

(1) Effective Bit Rsolution Enhancement
(2) Trigger Master

(3) AutoRanging

(4) AutoScaling

(5) Auto Button for AutoRanging only

The above (1pand (2) arehardwarespecific optionsplease refer to the respective
hardware manual for details.

The AutoRanging checkbox wilbe available for selection for those devices that
support multiple input ranges. If the AutoRanging checkbox is ticked, the software
will monitorthe peak level in the sampled data fraznatinuouslyandstep updown

the input rangdased orhe specifiedlBFS value The specified dBFS value will also
affect the autorangindunction performed by the Autoulton in the Sampling
Parameter Toolbar in the main windovdBFS is the default value, which is usually
good for SNR, but may not be good for other psters such THD.

If the AutoScaling checkbox is ticked, the software will automatically and
continuously adjust the vertical scales of the Oscilloscope, Spectrum Analyzer and
Spectrum 3D Plot based on the peak level in the sampled data frame. Thaabffere
between AutoRarigg and AutoScaling is thahutoRanging changes the hardware
gain setting while AutoScaling changes the software display settings.

By default, the Auto button in the Sampling Parameter Toolbar perforrdemand
automaticadjustmentof sampling rate, record length and input radéthe fAuto
Button for AutoRanging only checkbox is ticked,it will perform ondemand
autoranging function only.
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In the Trigger Frequency Rejection HNX section, you can customize the HNX option

in the Trigger Frequency Rejection combo box in the Sampling Parameter Toolbar.
You can specify (1) whether to incorporate the high frequency rejection (2) the noise
rejection hysteresis in percentage. Please refer to the respective hardware manual for
details.

Eightoptions for channelmeration are availables follows. They are sefixplanatory.
These options are useful for some applicatiéims. exampleOption @) can be used

to makea real timewaveform comparison between a sine wave andeigdual
harmanics (i.e. ts fundamentais removed through digital filtering). Options (3) and

(4) can be used to convert a singleded measurement taldferential measurement

and is useful in some I~V measuremeritsshould be noted that channel operation is
performed before ADC range scaling and sensor sensitivity scaling, and thus the two
scale facta in both channelsnust be the same in order for the operation to be
meaningful.

(1)  Nil

(2)  AsiA, B=iA

(3) A=iA-iB, B=iB

(4)  A=iA, B=iB-iA

(5) A= (IA+iB)/2, B=(A-iB)/2
(6) A= (iA+iB)/2, B=iB

(7)  A=iA, B=(A+B)/2

(8) A=iB, B=iB

The settings here will be applied and saved if the OK button is pres$ad.

correspondingaxis tiles in the Oscilloscope window will be heighted if channel
operation ionfigured

2.6.2.2 DAC Device (Setting SubMi) (ALTFSE)

DAC Device Setting X
Device Selection
Device Model Device Categomny Device Mo,
Sound Card MME j |Sound Card MME]| Speakers/Headphones [Healtekj
Channel Configuration Buffer Size (Bytes/Channel)
Channel Device Channel Range 4294967295
4 o =] = B = r
B |1 R B B E s r
| a
3 Rectangle 1
1] 3 | Cancel |

This dialog is used to select and configure the current DAC device used by the
software. You must make sure the device is already connected to the computer before
selection.
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The device models available for selection are configuredSe#ihg]>[DAC Device

Database] which will be described later. Once you select a device model in the Device

Model combo box, the rest of parameters will be updated accordingly. If multiple

devices in the same device category exist in the system, then yaeleat one of

them via the Device No. combo box. You may also need to select the Device Channel,
Range, etc. , depending on the device model
Device Databaseo for detailed description

Multi-Instrumen supports two logic DAC channels, A and B. If the device has more
than two physical DAC channels, then you need to assign two of them to the two
logic channels.

Some ADC devices have a Probe CAL output for oscilloscope probe calibration. The

Probe CAL gynal is normally a 1kHz ~ 10kHz square wave. During probe calibration,

the Probe CAL signal is injected into the oscilloscope via the probe. One can fine tune

the compensation trimmer on the probe such that the waveform displayed on the
oscilloscope scree i s fAsquareo and not di storted, i
under compensated. You can choose to output either Rectangle or MLS signal. When

MLS is selected, the frequency value here refers to the clock frequency of the MLS
generator rather thandhoutput signal frequency. Normally the Probe CAL signal

output is enabled. You can disable the sigmatput by urticking the checkox.

Please refer to the respective hardware manual for details.

The DDS Interpolation and External Trigger options ie #tbove dialog are also
hardware specific. A DDS DAC device uses a lookup table (i.e. DDS buffer) to hold
the shape of the signal to be generated. The DDS output suffers from the limited
number of entries in the | ookugpingtfranb| e . Tl
one entry to the next, introducing unwanted high frequencies in the output signal.
This adverse effect may not be discernible when the output signal frequency is high
(due to the output anéliasing low pass filtering and the fact that tiveited entries

in the DDS buffer are anyway not fully utilizachder this situation but becomes
sensible as the output signal frequency goes down. DDS interpolation can be used to
fix or alleviate this problem. Instead of using the value stored in tHeupotable
directly, it dynamically computes the output value through linear interpolation
between two successive lookup table values. This effectively enlarges many times the
DDS lookup table. Please refer to the respective hardware manual for details.

If the DAC device supports multiple output ranges, then the AutoRanging option will
be enabled for selection. If it is selected, the output range will be automatically
selectedby the softwarebased on the output amplitude specifiedthe Signal
Generatorand the specified dBFS value here. 0 dBFS is the default valueh vehic
usually good for SNR, buhay not be good for other parameters such THD

Some DAC devices support both singleded and differential outpusgmultaneously

The Differential optionis used to indicate whether the output ranges are specified in
differential or single ended configuration. The output amplitudes in the Signal
Generatowill follow the sameonfiguration
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Some DAC devices come with their own control pgnstich as thas with ASIO
drivers. If the control panel is available for the selected device, @ontrol Panel
button will be enabledClicking it will openthecontrol panel.

The settings here will be applied and saved if the OK button is pressed.

2.6.2.3 Calibraion (Setting SubMenu) (ALF-C)

Calibration Setting et
Sound Card |nput Calibration Factar Sound Card Output Calibration factor 0dB Reference Y
Probe Switch Pozition=1 Range [+] & [EL) 1e-005 '
Puosition of Yolume Slider Range ] N1 B: [EL) |1e-005 r‘ |N||_ J
Ii ~
l:i - Calculation Calculation
ReadValue |1 Read Valus [dB] |34
1 i Calculate Calculate
¢ Actual Value |1 Actual Value (dB) |34
1 i
MIC 100% + 1 o Prabe Calibration Factor Frequency Yoltage Conversion Calibration Factor
MIC 803 + hi . Position  Aftenuation Factor  Aliag & Frequency Range (Hz) |0 10000
MIC 502 « i r 1 I T || A Voktage Range V] 0 1
. 2 10 =10
MIC 40% + |1 C B: Frequency Range (Hz] |0 10000
> N o 3 100 =100
MIC 20 2 5 J B: Yoltage Range [V] u] 1
Input DC Offzet
1 i a1 |IJ sea [ Latency far Synchronized Output # Input [ms)
=) %)
I_Ii (-\. =] =] ,07
1 & Sound Card Input Status
1 "o . - - Sensor
- ~ Miner |MIC 20.0% Sensitivity Lirit
A -
[ Range[v] |1 ! wo E
B:
Calculation Refresh |1 v |V j
ReadValue |1 Calculate Load Factor far Power Calculation ﬂ
Actual Val 1 Fill &1l [MIC; a1 B: |1
BELEED (] | | | | ak. | Cancel |

This dialog provides the following parameters/functions:

Sound Card Input Calibration Factor

Sound Card Output Calibration Factor

Probe Calibration Factor

Input DC OffsetStatus

Sound Card Input Status

0dB Reference Vr

Frequency Voltage Conversion Calibration Factor
Latency for Synchronized Output / Input

Sensor Sensitivity and Unit

Load Factor for Power Calculation

=4 =48 -0_9_49_9_°5_24_-2._-2-

During sound card calibration, Automatic Gain Control (AGC) (if any), Bass Boost (if
any), Treble Adjustrant (if any) and so forth must be disabled to ensure that no
artificial modification on the input and output signal.

Most ADC devices measure voltage signals (unit: V), such as sound cards, VT DSOs,
VT IEPE-2G05. Some ADC devices measure electric cuisgmals (unit: A).There
are also ADC devices that measure electric charge (unit: C), such as VT-2&0?
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ADC devicesnormally come calibrated, such as VT DSOs, VT IEP&G05 and VT
CAMP-2G05. Their measurement range can be selected in the ADC Rarg®sele
boxes in thednstrument & Miscellaneous Toolbaff the software However,sound
cards arenormallynot voltage calibratedand their internal gain adjustmewt fange
selectione.g. Mic 0%~100%, Line In 0%~100%, Mic Bop# different fromthat d

an ordinary ADC Device. This is why Sound Card Input CatibnaFactors and
internalgainselectionsare listed separately here.

Somdimes, theras aneed to usanexternal attenuation @mplificationcircuit (e.g.
a x10 oscilloscope prohea soundcardhardware gain switch or knob) to e the
measurement range ah ADC device. The external circui not controllable from
the software and thus effeds can only be taken into account by manualliisg the
Probe Switch Position selection bax the Instrument & Miscellaneous Toolbar.
Each probe switch position hagpebe attenuation fact@ssociated with it A value
less than 1 represents amplification instead of attenuation.

When a sensor with a known sensitivity is connedtedhe ADC device or its
external attenuatioor amplification circuit, the datato be analyzed and displayed
will be in the sensd@s engineering unitThey will be calculated in the software
automatically according to the follamg formula

[ADC Device Measurealue] x [Probe Attenuation Factar]Sensor Sensitivity]

2.6.2.3.1 Sound Card Input Calibration Factor

You can calibrate the input channels of a sound cargpbyifyng a calibratedADC
full-scale voltage (1/2 pegh-p e a k) v al ue, the alibratiol RettimfRa n g e o
dialog. The ADC fuHlscale voltage varies with the sound card internal gain, which is
continuously adjustable via the Recording Control described previously. It is not
practical to calibrate for every possible value of the gainstehd, the software
divides the full range of the gain into five segments (0~20%, 20% ~ 40%, 40% ~ 60%,
60% ~ 80%, 80% ~ 100%) in each category (Microphone with Boost, Microphone,
Line In), with an assumption that the gain within each segment is linearefbre, at

most, you only need to perform calibration at 20%, 40%, 60%, 80%, 100% of the full
gain in each category and the ADC {fatlale voltage at a particular gain value within

a gain segment can be calculated via interpolation or extrapolationutviilmoher
calibration. The calibration procedure is as follows:

Normal calibration procedure:

(1) Set the sound card internal gain to be calibrated bkieficthe corresponding
radio lutton The software will adjust the gain to that percentage for one tim
after every such click. The current fgitale voltage value should not be touched.

(2) Input a sine wave (e.g. 1 kHz) with a known amplitude or RMS value to the input
channel to be calibrated. Adjust the signal source (not the sound card internal gain)
such that the Input Peak Level Indicator shows a value in the range of 80%~95%.
This is to ensurea sufficient calibration accuracyThe signal source can be the
calibrated Signal Generator of the software itself.
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(3) In the Calculation pad, enter the anunlie/RMS value obtained from the
Oscilloscope into the Read Value field, and enter the actual amplitude/RMS value
of the signal into the Actual Value field. The actual value can be measured via
other instrument such as a conventional multimeter or oscdfwe. Then, press
the Calculate butto®NCE The corresponding fulicale voltage field (i.e. the
Range field) will be filled automatically.

(4) Repeat (1)~(3) for other gain percentages.

For many sound cards, the gain is linear and Microphone with Poogtes exactly

20 dB6s gain over Microphone without Boost
only need to calibrate for one gain value and let the software to take care of the rest.

This simplifies the calibration procedure as follows:

Simplified cal i brati on procedure for sound <card
Mic Boost:

(1) Set the sound card internal gain to be calibrated (i.e. 80%) by clicking the
corresponding radioutton The software will adjust the gain to that percentage
for one time a#r every such click. The current fsitale voltage value should
not be touched.

(2) Input a sine wave (e.g. 1 kHz) with a known amplitude or RMS value to the input
channel to be calibrated. Adjust the signal source (not the sound card internal gain)
such ttat the Input Peak Level Indicator shows a value in the range of 80%~95%.
This is to ensure sufficient calibration accuracy. The signal source can be the
calibrated Signal Generator of the software itself.

(3) In the Calculation pad, enter the amplitude/RM8&lue obtained from the
Oscilloscope into the Read Value field, and enter the actual amplitude/RMS value
of the signal into the Actual Value field. The actual value can be measured via
other instrument such as a conventional multimeter or oscilloscogs, Pphess
the Calculate butto©®NCE The corresponding fulicale voltage field will be
filled automatically.

4ln the Calculation pad, click dAaFil/l Al
calibrated, or click AFi |l | cakbtated. Allthene |1 n) o
corresponding fulkcale voltage fields (i.e. the Range fields) will be filled
automatically.

| f the software fails to detect the sound
then you only need to calibrate the fadlale voltageralue for the Other/ASIO field,
and bear in mind that any change of the so

invalidate the calibration.

You can leave the input calibration factors at their factory default values if absolute
magnitude measuremeis not necessary.
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2.6.2.3.2 Output Calibration Factor

You can calibrate the output channels of a sound caspégifyinga DAC full-scale
voltage (1/2 peako-peak) value for a certain volume setting defined by yourself. The
volume setting is adjusble via the Volume Control described previoudNote that

the calibration become invalid if the volume setting changes after calibration. The
calibration procedure is as follows.

(1) Set the sound card volume to be calibrated via the Volume Control.cuFient
full-scale voltage value should not be touched.

(2) Output a sine wave (e.g. 1 kHz) from the Signal Generator with an amplitude
within 80%~100% of the fulkcale voltage (wecalibrated). This is to ensuie
sufficient calibration accuracy.

(3) In the Catulation pad, enter the above-calibrated amplitude value into the
Read Value field, and enter the actual amplitude value of the output signal into the
Actual Value field. The actual value can be measured via other instrument such as
a conventional multheter or oscilloscope. Then, press the Calculate button
ONCE The fullscale voltage field (i.e. the Range field) will be filled
automatically. Note that normally a conventional multimeter only dis@E &S
value, you need to convert it inémamplituce value via the formula: Amplitude =
1.4143 RMS.

2.6.2.3.3 Probe Calibration Factor

Up to 16 attenuation factors for external probeattenuation switclpositiors can be

defined.Three of them can b&pecifed in themain @libration page. The resac be

accessed by clicking thié é duttonto open the following pageéAn alias can be
defined for each switch position. I f the a
those after it will not be available in the probe switch position selection bhoxke

main window of the softwar@.he configuration othese parameters helps to scale the

sampled data properly if the ADC device have gain or attenuation switches not
controllable from Multiinstrument.
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Additional Probe Calibration Factors @

Paosition Atbenation Factor Alias

|
|
|
|
|
|
10 L |
|
|
|
|
|
|

Cancel |

For sound card based systems, you can mia&eptobe by yourself using Section
"Input and Output Connection for Sound Card Based System" described previously as
areference. If you want to purchase the probetwdfshelf, it is highly recommended

to use the dedicated sound card oscilloscope papplied by Virtins Technology.
Please refer to Virtins Technology's website for the specification and calibration
procedure of the probe.

2.6.2.3.4 Input DC offs&tatus

The input DC offsets for Channel A and Channel B are displayed in tweordad

edit boxes. They are expressed as a percentage of the AR&dldl voltage (1/2

Vpp). Ideally, the input DC offsets should be zero. A positive value means that there

exists a positive DC offset in that channel and it needs to be corrected by removing

that offset from the raw data by the software. The input DC offset is measured using

the fAZeroingodo button in the Miscell aneous
described previously for details).

The display of this parameter is more for diagnostippse.

2.6.2.3.5 0dB Reference Vr

This parameter is used only when displaying dB, dB(A),ZB@B(C) in the
Spectrum AnalyzerSpectrum 3D Plotand Multimeter. You can define your own
0dB reference or calibrate aiccordingto a certain standard such the standard for
sound pressure level.

Sound pressure is the pressure deviation from the local ambient pressure caused by a
sound wave. Sound pressure can be measured using a microphone in air and a
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hydrophone in water. Sound Pressure Level (SPL) lmgarithmic measure of the
RMS sound pressure relative to a reference value, that is:

SPL (dB) = 20Ig(pns/Po)

where p is the reference sound pressure apdip the RMS sound pressure being

measured. The commonly used reference sound pressureisn28irpPa (rms). In

under water acoustics, the reference sound
Reference Vro to be calibrated is the RMS
pressure. It must be calibrated together with the microphone/hydrofihbeeused.

The calibration procedure is as follows:

(1) Openthe Multime er and set dBot s view type to 0

(2) Put a calibrated conventional sound level meter at the same place with the
microphone. Note that the weighting profile used by this meter muselsathe
as the one used by the softwar@or better calibration accuracy, a sound level
calibrator should be used.)

(3) Generate a referenseundsignal (e.g. 1 kHz sineave). Adjust the volume such
thatthe Input Peak Level Indicator shows a value inrtimge of 80%~95%. This
ensurs sufficient calibration accuracy.

(4) In the Calculation pad, enter the sound level obtained from the Multimeter (in dB)
into the Read Value field, and enter the actual sound level value obtainethérom
conventional sountevd meter into the Actual Value field. Then, press Calculate
button ONCE The corresponding A0dB Reference
automatically.

It should be noted thahé¢ input channelshouldbe calibrated first before derming
sound level calibratim

In the proceduredescribed abovehe Sensor Sensitivityhould bekept at 1V/V, and
the fA0dB Re fsdhe emectabe calibraiedwithout applying astandard
referencevalue(i.e. fiNilois selected in th@Standard combo box)

If both the sesor sensitivity(e.g. inV/Pa)and the input channéé.g. inV) have been
calibratedseparatelye.g.before leaving théactory), the i0dB Reference \rcan be

filled directly with astandrd reference valueithout further calibrationFor instance,
for soundlevelin air, 0.0000ZPa) should be used.

If the Sensor Sensitivity set inV/Pa, thefiStandar@d combo box will be enabled. It

is then possible to seleatstandardeference irair or water forthdi 0 d B Ref er enc e
V r. dn this case he aforenentioned procedure can be used to calibrate or recalibrate

the sensor sensitiviipstead

2.6.2.3.6 Frequency Voltage Conversion Factor
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This parameter is used only when converting frequency back to voltage in the
Multimeter. The software allowgou to specify the frequency range and its
corresponding voltage range. The relationship between them is linear.

2.6.2.3.7 Latency for Synchronized Output/Input

This parameter is only applicable for the following two synchronized output / input
operaton modes, i . e. ASync. No Loopbacko and
Generator.

The latency is the time delay between the time when the Signal Generator is
commanded to start and the time when signal output actually starts. The latency needs
to be calibated so that accurate synchronization can be achieved between the Signal
Generator and the Oscilloscope.

The calibration procedure is as follows:
(1) Set the latency value to zero during calibration.

(2) Loop back the output Channel A to the input Channel Aav@able with proper
attenuation if necessary.

B3I n the Signal Generator, select ASync. i
zero, prepare to outpatl s e c o n d 0 sta $requercy eqaal teoughly
1/100f the sampling rate, e.g. 5kHz at a stéingprate of 48kHz

4!l'n the Oscilloscope, set ATrigger Modeo
ATrigger Edgeo to dfadbdutdi,l %0 Tr i ddfderra gylyeu eol 0
i 0 % dhe measurement accuracy is directly affectethbfi S we e p offthe me 0
Oscilloscope The shorter th@&Sweep Time, the higher the accuracy. It should
be setto abouti00us df the sampling rate is 48Hz. These parameters together
with the sound card internal gain should ensure that the Oscilloscope is correctly
triggered athe very beginning of the signal.

(5) Stop the Oscilloscope if it is running.
(6) Start the Signal Generator.

(7) In the Oscilloscope, Channel A will display the captured signal which has gon
through the hardware (sound card output channel, loop back cable, carh
input channel), and Channel B will display the signahegated by the Signal
Generatowhich has not gone through any hardware. On the bottom left corner of
the Oscilloscope window, the time stamp of the first data point in Channel A will
be displged withan accuracyof 1 millisecond On its right hand side, the time
difference between the Channel A and Channel B will be displayed in 1/1000 of a
millisecond. This time difference is normally a negative value, which means the
data in Channel B is der thanthe data in Channel A. Change the sign of this
value and assign it to the Latency being calibrated. Repeat the above procedure
for a few times to get the average value.
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The following figure is an example of the above test.
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2.6.2.3.8 Souh Card Input Status

Two statuses will be displayed here:

1 Sound card input mixer status, including the input source as well as the gain
percentage

1 Sound card ADC fulscale voltage (Range) interpolated / extrapolated based on
the sound card input caliiren factors and the current sound card input mixer
status

Note that if you change the sound cardos

Setting dialog is opened, you can click the Refresh button provided to capture those
changes.

2.6.2.3.9 Sensddensitivity and Unit

The unit of the Sensor Sensitivity is expressed as [ADC Engineering Unit] / [Sensor
Engineering Unit]. The software supports two kinds of ADC Engineering Units,
Voltage (V) and Ampere (A), depending on the ADC hardware used. TlerSen
Engineering Unit can be configured according to the sensed. The software
provides 12pre-configured options for the Sensor Engineering Unit: V (Voltage), A
(Ampere), g (for acceleration), m/s"2 (for acceleration), m/s (for velocity), m (for
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displacement), i/s (for velocity in English unit), i (for displacement in English unit),
Pa (for pressure), C (for electric chargd)(for force), Ibf (for force in English unit)
You can also enter your own sensor unit directly into the Unit edit box.

The valie of the Sensor Sensitivity can be entered directly into the Sensitivity edit
box.

2.6.2.3.10 Load Factor for Power Calculation

There are a few power related Derived Data Points in the software (Riéas® the
chapter for Data &gger for details.)The power of the signal is calculated by:

Power = RM$/ [Load Factof

For example, if you measure the voltage across a resistor, then you can get the power
consumed by the resistor from the corresponding Derived Data Point by entering the
resistots value into the load factor field in the dialog; If you measure the current
through a resistor, then you can get the power consumed by the resistor from the
corresponding Derived Data Point by entering tbeiprocalof the resistas value

into the load &ctor field.

2.6.2.3.11 Others

The functions of the buttons in the dialog are as follows:

& load a previously saved calibration file (*.cal).

[E: save the current calibration data into a calibration file (*.cal).

Default: All parameters will be filledith the default values.

OK: Apply and save the changes and close the dialog.

Cancel: Cancel the changes and close the dialog.

Advanced: Access to advanced hardware specific calibration function. Please
refer to the respective hardware manual for details

= =4 -4 -8 -9 -9

2.6.2.4 Display (Setting SubMenu) (ABD)
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Display Setting x
Dizplay Calors Fort Size 1002 j kultiple [nstances
Background Color [ ADC Syne.
Channel & Colar [ RGP j [ DAC Syne.
Foll iMode
Channel B Colar _
Foll ‘width [mz) 50
Chanmel EXT Color R
Record Mode
Grid Calar Frame “idth [ms] 100 [ Moduto Stop
Other Test Color B O
Skin1 |  Skinz |  Skin3 |  Skind Distz [ogge:
Mumber of records per log file
Skin 5 Skin B Skin 7 Skin 8 2767

Mizcelaneous

[ Enable Becaord Length change via "Paoint'’ in Sampling Parameter Toolbag

<

Run ozcilloscope automatically after startup
Save Current Panel Setting an exit

Lock Panel Setting after startup

Hide Sampling Parameter Toolbar

Hide Instrument & Miscellaneous Toolbar
Hide Wiew Toolbars

Hide Menubar

I I I I e

Auto Layout after Loading a Panel Setting File |N|L j

(T [

Language |Engiish ] [ Line 'width on Printer |4 j

Theme |I:Iassi|: 1 ﬂ [ Check for software updates on startup

D efault | ak. | Cancel |

2.6.2.4.1 Display Colors
For all views, the following display parameters are configurable:

Background Color

Color of data curve for Channel A

Color of data curve for Channel B

Color of data curve for Cimael EXT (digital input channel)

Grid Color

Other Text Color, such as the color for notes and horizontal axis label, etc.

= =4 =4 8 -4 -9
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Clicking on the color box will bring up a color selection window which allows you to
select the color you want. Skin 1 ~ Skin 8 amecpnfigured color schemes.

2.6.2.4.2 Miscellaneous

1 Enable Record Length change via "Point" in Sampling Parameter Toolbar
If this checlkox is ticked, it allows advanced user to change the Record Length
directly. This is sometimes useful, e.g. when y@ant the Record Length to be
an integer multiple of the FFT size.

This checkox is unticked by factory default.

1 Run oscilloscope automatically after startup
If ticked, the oscilloscope will run automatically with the default panel setting just
after sartup.

1 Save Current Panel Setting on exit
If ticked, the current panel setting will be saved automatically as the default panel
setting when you exit the program.

1 Lock Panel Setting after startup
If ticked, the panel setting will be locked just aftertsip.

1 Hide Sampling Parameter Toolbar
If ticked, the Sampling Parameter Toolbar will be hidden.

M Hide Instrument & Miscellaneous Toolbar
If ticked, the Instrument & Miscellaneous Toolbar will be hidden.

M Hide View Toolbars
If ticked, all View Paramter Toolbars will be hidden.

1 Hide Menubar
If ticked, the menubar will be hidden. To access [Setting]>[Display] when the
menu bar is hidden, press CTRRREAK or CTRL+B.

1 Auto Layout after Loading a Panel Setting File
Three options are available:
(1) Nil: No auto layout, i.e. retain the original layout specified in the PSFAile.
PSF file can be saved with Nil, Tile Horizontally, Tile Vertically.
(2) Tile Horizontally: Equivalent to [Window]>[Tile Horizontally]
(3) Tile Vertically: Equivalent to [Window]>[Tile Vercally]

1 ASIO Buffer Size
Selection of ASIO Buffer Size is enabled when ASIO driver is used and the ADC
and DAC have not been started. Three optionsaseglable: Auto, Max, Min
Max should be used normaltg avoid dropouts in the input and output signa

1 Delegate Control to Local Panel
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Some devices such as RTX6001 have their own local control panels and support
both local and remote (PC) control modes. This option is used to delegate the
control from PC to local cdrol panel. Under local control rde, Mult+
Instrument will still be able to scale the input and outtataproperlyaccording

to the settings on the local panebwever, all the controlsuch as range selection)
from PC will not be disabled.

2.6.2.4.3 Language

You can change the lgnage of the software user interface to your preferred language.
The software supports Multilingual User Interface under Windows 2000, XP, 2003,
Vista, 7, 8 10and above. Currently supported languages are English, French, German,
Italian, Portuguese, Spah, Russian, Simplified Chinese, Traditional Chinese,
Japanese and KoreariThe language change will take effect after your restart the
program.

2.6.2.4.4 Font Size

This parameter is used to adjust the font size of texts displayed in each view.

2.62.4.5 Refresh Delay

This parameter is used to adjust the delay time after the data analysis and display of
the current frame of data is finished and before the software starts to acquire the next
frame of data. To obtain the fastest screen refreshsedtthe Refresh Delay to 0%.

2.6.2.4.6 Roll Widthunder Roll Mode

This parameter specifies the Roll Width under the Roll Mode. Depending on the ADC
device used, it is expressed in either ms (millisecond) or pts (sampling pBiatse
refer to the setion for Roll Mode for more information.

2.6.2.4.7 Frame Wid{turation, No Auto Stop under Record Mode

These thee parametes specify the Frame WidthDurationand No Auto Stop option
under the Record Mode. Depbng on the ADC device usethe FrameWidth is
expressed in either ms (millisend) or pts (sampling pointsyhile the Duration is
expressedin ms (millisecond)only. Frame Width specifies the buffer size of
streaming mode and Duration specifies the total time length of data to be reperded
file. When Duration is 0, the recording process will only be stopped manually by
pressingthe Record button again after 2G bytes has been recordétifiNo Auto
Stop is ticked, the recording procegsll record data into multiple files sequentially
andcan only be stopped manualRlease refer to the section for Record Mode for
more information.

2.6.2.4.8 Number of Recorger Log File

This parameter specifies the number of records in a Data Logger log file. (Refer to
Section 6.2.4)
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2.6.2.4.9ine Width on Printer

Printers usually have a finer resolution than computer sceahshus thdine width

on printer shouldisuallybe thicker than that on screen in order to make a graph look
similar on both deviceslf the option hereis ticked, you can assigm fixed line width

for all grapls plotted on printer. Otherwise the line width on printer will be
automaticallydeterminedy:

[Line Width on Printer] HLine Width on Screenk [Printer Horizontal Resolutigrl
[Graph Window Width

The Line Width on 8reenwill be introduced later.
2.6.2.410 Theme

This selection box can be used to select a theme (visual style) for the software. The
change will take effect after software restart.

2.6.2.411 Check forSoftwareUpdates on Startup

If this check box is tickedthe software will check online to see if a new software
version is available for downloaduring startup If yes, it will promptyou for
confirmation for download.Please refer to [Help]>[Check for Software Updates] for
more infomation.

2.6.2.4.2 Synchroniationamong Multiple Instance

1 ADC Sync.
When there are multiple instances of the software on the same computer, those
instances wittthis checkbox tickedwill have their Oscilloscopsynchronizedo
start and stop.

1 DAC Sync
When there are multiple instances of the software on the same computer, those
instances with this checkbox ticked will have their Signal Genesgtarhronized
to start and stop.

2.6.2.413 Others
91 Default: All parameters will be filled with the defauhlues.

1 OK: Apply and save the changes and close the dialog.
1 Cancel: Cancel the changes and close the dialog.

2.6.2.5 Note (Setting SubMenu) (A&N)
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Hotes

v Display

Caticel |

You can write down some notes for a measurement. The notes will be displayed if
you tick the "Disjay" checkbox. The notes will persist in the WAV file if saved.

2.6.2.6 ADC Device Database (Setting SubMenu) {&B)

ADC Device Database @

Device Model | Device Category ‘ Ehannelsl Trigger Typel Sampling Frequency [Hz) | EltHEsnIutlnml Range | Terminal T_l,lpel Coupling Ty. | Buffer Size
Sound Card MME  Sound Card MME - 2 2 2k 4k 8k 11.028k 16k, 2208k, 81624 Y 1 1 4284367290
Sound Card ASI0 Sound Card &S0 2 2 2k 4k 8k 11.028k 16k, 22.08k... 81624 Y 1 1 4284367290
NIUSE-E009 [Sin... M DAQm: 2 23 1k.2k Bk, 10k 20k 24k 48k* 13 0 2 2 4284367290
NIUSE-E009 [Diff.. Ml DAQm: 2 23 1k, 2k Bk, 10k 20k, 24k 48k* 14 W 1 20V 2 22 B a2 4 2 4284367298
WT DS0-2810H YT DSOH1 2 11:2:3).3(0..  5,2550,2.5k Bk 10k 25k 50k.... 8 40/, +80my £ 200mY £400.. 1 12 30000
WT D50-2815H VT DSOHZ 2 12330 5,2550,2.5k 5k, 10k 25k S0Kk.... 8 +40mt, +80my, £ 200my £400... 1 1.2 30000
T DSO-2810F 5 YT DSOF1 2 1 20k, 50k, 100k, 200k 500k 1M.... 8 L2V AT 2280 1 1.2 2000
T DS0-2810F YT DSOF1 2 1 25,10,20,50,100,200500,1k,... 8 LN A1 228 1 1.2 2000
WT DS0-2825H YT DSOH3 2 112330 525505k 10k 25k 50k 100k.. 8 +40rm +80my + 200\ +400. 1 12 500000
<4 ¥
Device Model Device Category Mumber of Channels Trigger Type
. i 1. Hardware Trigger r
|NI DAGms J | 2. Software Trigger r
Auto Detect & Fil | Device Na. | J 3 Extemal Trigger r
Sampling Frequency [Hz] Sampling Bit Resolution Range &Y 4
r
[10000 E il Teminal Type
1. Default
5 3 5 2. Referenced Single Ended
3. Mon Referenced Singls Ended Coupling Type  Bulffer Size (Bytes/Channel]
4. Differential
5. Pzeudo Differential 1.4C |D
2.0C
3.GND
™ Multiplexed
‘ 0K | Cancel | ¥ Per Charinel

Multi-Instrument is able to interface to many ADC and DAC devices including sound

cards based on the standard data acquisitiotwa interface specification
developed by Virtins Technology (vtDAQfor ADC and vtDAQ' for DAC). For

each category of devices, an intermediate interface DLL (dynamic link library) needs
to be developed according to this standard interface specificatitnidge Multt

l nstrument

and
work with any device as long as the corresponding intermediate interface DLL is
provided. One interface DLL should contain either the ADC functions or DAC

t he

devi ceds

original

dr i

functions, but not both if possible, even if all of these functions are supported by one

single device.

This is to ensure that the ADC and DAC dswee be selected
independently in Multinstrument. For example, you can run a DSO (Digital Storage

Osadlloscope) hardware for ADC and the sound card for DAC simultaneously.

For details of the vtDAQ and vtDAO interfaceesflications, please refer tetDAQ

and vtDAO Interfaces

Download link:

https://www.virtins.com/vtDAQandvtDAO-Interfaces.pdf

Www.virtins.com
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The ADC Device database contains a list of the supported ADC device models as well
as their specifications. You can add or remove the supported device models and
modify ther specifications using this database configuration dialog.

2.6.2.6.1 Device Category

The ADC interface DLLs for the following categories of devices are provided in the
software package:

1 Sound Cards with MME driver
All Windows compatible sound carddlIfmto this category.

1 Sound Cards with ASIO driver
More and more sound cards, especially those used in thauedro field, support
ASIO (Audio Stream Input / Output) driver in addition to MME driver. Some
sound cards may have different functions / @eniance with their ASIO drivers
than with their MME drivers. MME driver and ASIO driver are exclusive with
each otherYou can use only one of them at any time for a particular sound card.
Unlike other device categories, a single interface DLL is providedoth the
ADC and DAC functions for the ASIO driver due to the fact that the ADC and
DAC for the same sound cardust work synchronously within the ASIO driver.
This implies that in Multiinstrument, if you use the ASIO driver for ADC, you
must NOT use¢he MME driver for DAC for thesame sound card, and vice versa

T NI DAQmMXx cards
Many data acquisition cards from National Instruments fall into this category.

1 VT DSOH1
Type H1 DSO cards from Virtins Technology. Please refer to the hardware
manual preided separately.

1 VT DSO F1
Type F1 DSO cards from Virtins Technology. Please refer to the hardware
manual provided separately.

1 VT DSO H2
Type H2 DSO cards from Virtins Technology. Please refer to the hardware
manual provided separately.

1 VT DSO H3
Type H3 DSO cards from Virtins Technology. Please refer to the hardware
manual provided separately.

1 VTDAQ1
Type 1 DAQ cards from Virtins Technology. Please refer to the hardware manual
provided separately.

1 VT DAQ?2
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Type 2 DAQ cards from Virtins Techriogy. Please refer to the hardware manual
provided separately.

1 My DAQ Device
User definable DAQ device. If you want to allow Mdhistrument to interface to
your own DAQ device, then you can develop your own MyDAQ.dll according to
VtDAQ interface speéications. Please refer totDAQ and vtDAO Interfaces
provided separately.

2.6.2.6.2 Device Model

Each device category may contain one or more device models with possibly different
hardware specifications:

1 Device Model
You can specify a Device Model ma. Note that ifa Device Modelnameis
ended withfi* 0, it means that it supports enabling / disabling IEPE excitation.

9 Number of Channels

1 Trigger Type
Three types of trigger are supported:
V Hardware Trigger
You can further specify:
U whether the Triggekevel is adjustable
U whether Prelrigger is supported
U whether ALT-Trigger is supported

V Software Trigger
Software Trigger is possible for those ADC devices that support continuous
streaming, such as sound cards.

V External Trigger
You can further specify wdther the External Trigger Level is adjustable and
its range.

1 Sampling Frequency
You can add up to 32 sampling frequencies for each device model. You can
further specify whether the maximum sampling frequency entered should be
shared among the channetged (i.e. Multiplexed).

1 Sampling Bit Resolution
You can add up to 32 sampling bit resolutions for each device model. Note that
the sampling bit resolution here refers to the original sampling bit resolution of the
ADC device. It will be converted to 8, 184, 32 bit by the interface DLL and
thus only 8, 16, 24, 32 bit will be available for selection in the Sampling
Parameter Toolbar.

1 Range
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You can add up to 32 ADC ranges for each device model. Two types of ADC
devices are supported: Analog Voltage tgifal Conversion, Analog Current to
Digital Conversion, with respective engineering units V (Voltage) and A
(Ampere). The ADC range must be symmetric with regards to zero, i.e. it must be
° XXX.

1 Terminal Type
Five options are available: Default, Refezed Single End, Non Referenced
Single End, Differential, Pseudo Differential. You can choose more than one of
them for each device model.

1 Coupling Type
Three options are available: AC, DC, GND. You can choose more than one of
them for each device modelf the coupling type of each channel can be changed
independently, then you shld tick the Per Channel chdkx.

1 Buffer Size
You can specify the buffer size per channel for each device model. The unit of this
parameter is Bytes/Channel. If the devicepgrfs continuous streaming, then the
number of continuous raw data points the ADC device can provide is not limited
by the physical buffer size of the device, and you should set the Buffer Size to the
maximum value 4294967295.

Note that the above specidid i ons must be filled accordi.
hardware specifications.

2.6.2.6.3 Auto Detect & Fill

Some ADC devices can provide their hardware specification information through
software interface when they are connected to the computer. ThdAtgot & Fill

button is used to attempt to acquire the hardware information and fill the above
hardware specification fields as many as possible when the device is connected to the
computer. You still need to fill those blank fields (if any) manually amend the
autofilled fields manually if necessary.

The Device No. combo box allows you to choose one device from a list of devices in
the device category present in the system.

Once you select a device category in the Device Category combo box, tthed res
parameters will be updated accordingly as if the Auto Detect & Fill button has been
pressed once.

2.6.2.6.4 Others

1 Add: Add a new device model with the set specifications into the ADC device
database.

9 Delete: Delete a selected device model fromAB& device database. Note that
the device models | abeled ASound Card MM
allowed to be deleted.
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1 OK: Save the changes to the ADC device database and close the dialog.
1 Cancel: Cancel the changes to the ADC device databdsgase the dialog.

2.6.2.7 DAC Device Database (Setting SubMenu) (&I}

DAC Device Database @
Device Model | Device Category | Chan. | Clock Type ‘ Sampling Frequency (Hz) | Bit Resolution ‘ Range | Buffer Size ‘
Sound Card ME Sound Card MME 2 1 2k Ak Bk, 171.025k Tk 22 08k 32k 44,1k 48k B4k B8.2k 96k, 176 4k, 192k, 816,24 B 4294367295
Sound Card 8510 Sound Card 4510 2 1 441k, 48k B4k 88,2k, 96k, 176.4k, 192k, 200k 816,24 EakY 4294967295

NI LUSE-6009 HI DALm: 2 2 10,20,50,100,150 12 5y 0
Device Model Device Category Mumber of Channels Clock Type

[MIDAGm: ~ |2 [1 Hardware Clock |
AutaDetect kFil | DevieeNo, | I

Sampling Frequency [Hz)

Sampling Bit Resolution

Range & v & a

Buffer Size [Bytes/Channel]

|1 0000

]
-]

[

BN
<

w s
j
]

o

T aad ‘ ok | cancel |

The DAC Device database contains a list of the supported DAC device models as well
as their specifications. You can add or remove the supported device models and
modify theirspecifications using this database configuration dialog.

2.6.2.7.1 Device Category

The DAC interface DLLs for the following categories of devices are provided in the
software package:

1 Sound Cards with MME driver
All Windows compatible sound cards faito this category.

1 Sound Cards with ASIO driver
More and more sound cards, especially those used in thaudero field, support
ASIO (Audio Stream Input / Output) driver in addition to MME driver. Some
sound cards may have different functions / penmmce with their ASIO drivers
than with their MME drivers. MME driver and ASIO driver are exclusive with
each other, and you can use only one of them at any time for a particular sound
card. Unlike other device categories, a single interface DLL is proviaieboth
the ADC and DAC functions for the ASIO driver due to the fact that the ADC and
DAC for the same sound camdust work synchronously within the ASIO driver.
This implies that in Multiinstrument, if you use the ASIO driver for ADC, you
must NOT ue the MME driver for DAC for theame sound card, and vice versa

T NI DAQmMXx cards
Many data acquisition cards from National Instruments fall into this category.

1 VTDAO1
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Type 1 DAO cards from Virtins Technology. Please refer to the hardware manual
provided separately.

My DAO Device

User definable DAO device. If you want to allow Mdhistrument to interface to
your own DAO device, then you can develop your own MyDAO.dIl according to
VtDAO interface specifications. Please refer widAQ and vtDAO Irdrfaces
provided separately.

2.6.2.7.2 Device Model

Each device category may contain one or more device models with possibly different
hardware specifications:

l

Device Model
You can specify a Device Model name.

Number of Channels

Clock Type
Two clocktypes are supported:
V Hardware Clock
The sampling frequency is controlled by the hardware.

V Software Timed
The sampling frequency is controlled by the software.

Sampling Frequency
You can add up to 32 sampling frequencies for each device model.

SamplingBit Resolution

You can add up to 32 sampling bit resolutions for each device model. Note that
the sampling bit resolution here refers to the original sampling bit resolution of the
DAC device. It will be converted to 8, 16, 24, 32 bit by the interface Bhd

thus only 8, 16, 24, 32 bit will be available for selection in the Signal Generator.

Range

You can add up to 32 DAC ranges for each device model. Two types of DAC
devices are supported: Digital to Analog Voltage Conversion, Digital to Analog
Current Conversion, with respective engineering units V (Voltage) and A
(Ampere). The DAC range can be either symmetric with regards to zefoxke,

or in the range from 0 to a positive value, i.e. xxx. You should tick°the
checlbox for the former case.

Buffer Size

You can specify the buffer size per channel for each device model. The unit of this
parameter is Bytes/Channel. If the device supports continuous streaming, then the
number of continuous raw data points the DAC device can provide is not limited
by the physical buffer size of the device, and you should set the Buffer Size to the
maximum value of 4294967295.
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Note that the above specifications must b
hardware specifications.

2.6.2.7.3 Auto Detect & Fill

Sonme DAC devices can provide their hardware specification information through
software interface when they are connected to the computer. The Auto Detect & Fill
button is used to attempt to acquire the hardware information and fill the above
hardware speciation fields as many as possible when the device is connected to the
computer. You still need to fill those blank fields (if any) manually and amend the
autofilled fields manually if necessary.

The Device No. combo box allows you to choose one dexare & list of devices in
the same device category present in the system.

Once you select a device category in the Device Category combo box, the rest of
parameters will be updated accordingly as if the Auto Detect & Fill button has been
pressed once.

2.6.2.7.4 Others

1 Add: Add a new device model with the set specifications into the DAC device
database.

1 Delete: Delete a selected device model from the DAC device database. Note that

the device models | abeled ASound Card MM

allowed to be deleted.

OK: Save the changes to the DAC device database and close the dialog.

Cancel: Cancel the changes to the DAC device database and close the dialog.

E

2.6.2.8 Oscilloscope Processing (Setting SubMenu)-@&G)
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Oscilloscope Properties x

Processing l"r’ScaIe] EhartDptions] Reference

1. Inter-Frame Processing 2. Time Delay Removal
¥ Mone " Linear Average " Exponential Average [ |0
Forewer 10
4 3. Demodulation
4. Diigital Filtering Type MIL -
Type Clazs u
+ Mone [ RemoweDC  Rectification |w)_ ~| & |D |2DDDDD
~
" Low Pass [Hz) 200000 0
a2
™ High Pass [Hz] a ’7
0
™ Band Pass [Hz) |D |2unnuu
| Rectanale J AkR
" Band Stop [Hz] |E| |EI
v
(" Arbitrary l_
o i

LB

Parameter Meazurement

*l i

Mone

Reverberation / Speech Inteligibility 141 Octave J
Diiscontinuity

Step Response

Echo

5 I B T B

D armping Fatio

Cancel |

A signal isacquired ly the Oscilloscope frame by frame. The sweep time of the
Oscilloscope is sometimes lieml Frame Width or Record LengthA data frame
contains multiple samples. These samplesnarenally continuous within thedata
frame. But there may bea gapbetweentwo adjacent data framesThe acquired
frame of datavill undergo the following processes in time domain sequentially:

(1) Inter-frame processing
(2) Intra-frame processing
(3) Parametemeasurement

Then the processed signalpassed to th&pectrumAnalyzer for tirther processing
and analysis in frequency domain.

APersi sto must be c hheabeventerffameyanduntrafveanet t o pe
processingesuls in the raw data. Affected commands are: File Save, File Save as,
Oscilloscope Export, File ExtrgdPlay, Cyclic Play.
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2.6.2.8.1inter-frame Procedag

Inter-frame processing in time domain is performed before -inti@e processing.
There are three options: None, Linear Average and Exponential Average. Averaging
is useful for removing noises froa repetitive signal. Intdframe Averaging in time
domain must be synchronized in order to obtain meaningful results. Synchronization
can be achieved through proper triggering during data acquisktos.number of
frame averaged is displayed at the dwitleft corner of the Oscilloscope window. It

can be accessed through DDRimberOfFrames

2.6.2.81.1 Linear Average

If Linear Averag is selected, the Oscilloscope will keep track of each data frame
acquired and only display the averaged waveforma agpecified number of data
frames acquired most recently. The number of frames averaged will be displayed at
the bottomleft corner of the Oscilloscope view.

You can specify the number of contiguous frames to be processed. The available
options are: 2,34, 5, 6, 7, 8, 9, 10, 20, 30, 40, 50, 60, 70, 80, 90, 100, 120, 140, 160,

180, 200 and foreveiXou can also enter any number between 1 and 200 manually.
When fAForevero is selected, you can reset
necessary.

2.62.81.2 Exponential Average

Unlike Linear Average where all data frames used for average are given equal
weights, in Exponential Average, the weighting factor for each data frame decreases
with time exponentially, giving much more importance to recenemiasions while

still not discarding older observations entirely. The degree of weighting decrease is
expressed as a constanin percentage. The greater thgthe faster the decrease.
Alternatively,a may be expressed in terms of N, whare 2/(N+1),and N3 [time
interval between the start times of two adjacent data frames] is called the time
constant.

2.6.2.82 Intra-frame Processg

Intra-frame processing itime domain is performed afterter-frame processingThe
frame of dataindergoes th&llowing processes sequentially:

(1) Time Delay Removal
(2) Demodulation: Nil, AM, FM or PM
(3) Remove DC, Rectification (or Detéan) and then Digital Filtering

2.6.2.82.1 Time Delay Removal

Some measurements require the acquired signals in the two inpuelshmhbe time
aligned. This is usually not an issue if the signals travel within electric circuits
without any intentional digital delay, due the lightning fast travelling speed of
electric signal in circuits. Time Delay Removal may be required fosettsystems
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that contain transducers which convert electric signals to other forms of energy (e.g.
sound) or vice versa. These systems usually involve a signal travelling path in which
the signal travelling time cannot be neglected in the measurements wime
alignment between the two input channels is required. This is the case for acoustic
transfer function measurement using dciadnnel FFT (see figure below). In this
measurement, the signal output by the signal generator will go through twermdiffer
paths: one is connected directly to theuhChannel B, the other contaian acoustic

path from tle speaker to the microphone before gamtg the input Channel A. As

the sound travels much slower than the electric signal, the signal receivechimeCha

A will be delayed considerably compared with that in Channel B. Thus, it is normally
required to remove this delay in acoustic transfer function measurement as well as
Coherence / NoiCoherence function measurement.

Speaker Measurement Microphone
) ) oG —>—| |nput Ch. A

A 4

Input Ch. B

Output

¥ 3

To remove the time delay inh@nnel A, tick the Time Delay Removal option and
enter the time delay value (in ms) in Channel A with respect to Channel B. A positive
value means that the signal in Channel A is delayed and vice versa. If the time delay
is positive, after the time delagmoval, the data in Channel A will be shifted left by
the time delay value so as to be time aligned with the data in ChaniiéleB.he

right most part of the data in Channels A & B with a length equal to the time delay
will be reset to zeroOn the othe hand, if the time delay isegative after the time
delay removal, the data in Channel B will be shifted left by the time delay value so as
to be time aligned with the data in Channel A. Again, the right most part of the data in
Channels A & B with a legth equal to the time delay withenbe reset to zero. Keep

this in mind when configuring your own signal processing algorithm in the software.

In case the time delay between the two input channels is not readily available through
calculation, it can & measured using quite a few methods. Geoseelation using

white noise, MLS or pink noise as stimulus is recommended. Carsslation
function will be introduced later.

The following two figures show the time delay measured using-carsslation vith

white noise before and after the time delay removal, respectively. It should be noted
that in the crossorrelation measurement,pasitivetime delay value means that the
signal in Channel A is delayed and vice verbathis example, 2.979 ms is asured

in the cross correlation and thus 2.979 ms should be entered in the Time Delay
Removal edit box here. After this time delay removal, the cross correlation measures
a time delay of us meaning that the data in both channels are perfectly timedlign
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2.6.2.82.2 Demodulation

Demodulation is performed aftérme Delay Removallt is processed within a frame
and thus there may be soriteoundaryeffectso at the two ends of the fram&here
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are four demodulation options: None, AM, FM and.PIt is possible to let the signal
to pass through a bandpass filter filsfore demodulation This simulates the
frequency tuning procssin a radio system and is sdinmee important in order to
achieve better demodulation qualityrhe lower and uppefrequency limits of the
band pass filter can be specifiddhe AM, FM, PM demodulation methaused here
arebased on Hilbert TransfornDemodulationcan be applied to Channel A, Channel
B, or both of them.

2.6.2.82.2.1 AM Demodulation

In Amplitude Modulation (AM), the amplitude of thecarrier signalvaries in
proportion to the instantaneous amplitude of the modulating si@naAM signalis
demodulagd here bydetecing its envelope The following is an examplef an AM
signal (in blue) and its deodulated signal or envelop (in re@he carrier frequency
is 10 kHz and modulating frequency is 1 kHz. The modulation index is 50%.

b
S Y

1
X}

we £ w4 ] e CE] s 54 %,
o gt P e 5

¥ [ =1 [t ~Tlow ~]M_[Amplinuie Specm T8 1 ~Tlon ~JFFT_[pezia CWND__ [Rectangle ~T[ose ]

fiRemove D® or a high pass filte(describedater) can be used to remove the DC
component in the demodulated sigimathe above figuraVhenAM demodulationis
applied to a channel, the symk@#M o will be displayed beside the corresponding
axis label in the Oscilloscope view.

Demodulation of arAM signal can also be done througéctification followed by
low pasdiltering (describedater)

2.6.2.82.2.2 FM Demodulation

In FrequencyModulation (FM), the instantaneoudrequency deviation from the
carrier frequency ofthe modulatedsignal varies in proportion to the instantaneous
amplitude of the modulating sigh A FM signalis demodulaéd here by calculatg
the instantaneou$requency deviatiothrough Hilbert TransformThe instantaneous
frequency deviation is then converted tbe instantaneous amplitude of the
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modulating signal using the frequency modulatin sensitivity which has a unit of
Hz/EU, where EU is the sengsrunit which is usually Volt.For FM demodulation,

two parameters need to be manually entered by the users: the carrier frequency and
thefrequency modulatiosensitivity. WhenFM demodulatn is applied to a channel,

the symboliFM0 will be displayed beside the corresponding axis label in the
Oscilloscope view

The following is an examplef a FM signal (in blue) and its demodulated siginal
red) The FM signahas acarrier frequency 010 kHz a modulating frequency of 1
kHz, a maximum frequency deviation of 5 kHand a frequency modulation
sensitivity of 10 kHz/V. Thus the amplitude of the demodulated signakQs5V.
fiRemove D@ is used to remove the DC residual in the demodulatgubkin the
figure below.
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Multi-Instrument features unique FMemodulationalgorithm which is able to
demodulate the FM signal accurately even when the sampling rate is not very high
compared with the FM signal spectrum.

2.6.2.82.2.3 PM Demodulatin

In PhaseModulation(PM), the instantaneoyshasedeviation from the carrigphase
(i.e. the phase iho modulationon the carriersignal is applied of the modulated
signalvaries in proportion to the instantaneous amplitude of the modulating.s#gnal
PM signal is @modulaéd here by calculatg the instantaneous phase deviation
through Hilbert Transform. Thastantaneouphase deviation is then converted to the
instantaneous amplitude of thmodulating signal through the phase modulation
sensitivitywhich has a unit of/EU, where EU is the sengbsrunit which is usually
Volt. For PM demodulation, two parameters need to be manually entered by the users:
the carrier frequency and the phase modulation sensitWitenPM demodulations
applied to achannel, the symbadiPMo will be displayed beside the corresponding
axis label in the Oscilloscope view
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The following is an examplef a PM signal (in blue) ahits demodulated signén
red) The MM signalhas acarrier frequency fol0 kHz a modulatg frequency of 1
kHz, a maximum phase deviation of °9@nd aphase modulation sensitivitgf
18C°/V. Thus the amplitude of the demodulated signatds5V. iRemove D is
used to remove the DC residual in the demodulated signal in the figure below.
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2.6.2.82.3 Digital Filtering

Digital filtering belongs to intrdrame processing ands performed after
demodulationTher e may be some dithotumeal atr wo défiédstof
digital filtering is applied

Six options are available: None, LoRass, High Pass, Band Pass, Band Stop,
Arbitrary. The class of filter can be selected from FFT, FIR and TRese options
are performed aftdiRemove D® and Rectification.

A Finite Impulse Response (FIR) filter, as the name suggested, has a fipitisem
response. It has no feedback and therefore is always stable. It is usually designed to
have symmetrical filter coefficients in order to achieve a linear phase respdnse.
should be noted that this filter will cause the signal to delay [FIR ¢2d&ampling

Rate] seconds. It is possible to remove this delay by ticking the FIR Delay Removal
checkbox.

An Infinite Impulse Response (IIR) filter has an impulse response function which is
non-zero over an infinite length of time. It uses feedbacks ftile output to the input
and thus may lead to instability. It does not have a linear phase response usually.

Unlike FIR and IIR filters, the filterindunction of a FFT filter is not done in time

domain. Instead, the input signal is transformed frometidomain to frequency
domainusing FFTit s spectrum is then multiplied wit
and the result is transformed back to time domain using inverse IHFT filter has a

linear phase response and cause delay(i.e. zerephaseresponse) Normally
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Rectangle window function should be used for FFT filter. If there is a need to
suppress the boundary effect (e.g. overshoot at both ends of the waveform), one of the
7 Tukey windows can be applied.

The software will force itself to esthe FIR filter when the record length of data is
greater thafz of the maximum allowable FFT size (i.e. 4194304), even if a FFT filter
is specified.

On the other hand, the software will force itself to use the FFT filter when thelrecor
length of datas less thamwice of the FIR filter order, even if a FIR filter is specified.

The software has a built FIR filter designer based on Window or Fourier Transform
method. The filter order must be even and in the range of 2~32766. Different window
functions can be used to fulfill different requirements for stopband attenuation and
transition bandwidth. The filter order determines thidth of the transition band.

The higher the order, the narrower the transition between the passband and stopband,
and theslower the processing speed.

The software also supports the import of IR or FIR filter coefficients designed
externally.

Digital filtering is performed frame by frame independentlylt may cause
discontinuities at frame boundariesen if the datahere are contiguous before the
filtering. For FIR and IIR filtes, it is possible tgerformcontinuoudiltering across
frames if the fAcross Frameasoption is ticked. The prerequisite is that thréginal
data are continuouacross framesAuto trigger modetogether witha low sampling
rateor Record mode can be used to ensure that

Digital filter can be applied to Channel A, Channel B, or both of them.

2.6.2.82.3.1 Remove DC

ARemove DCO is performed bef dgitatfitarimgct i f i cat
Whenthis optionis applied to a channel, the syml=zlwill be displayed beside the
corresponding axis label in the Oscilloscope view.

2.6.2.82.3.2 Rectification (Detection)

Rectification (Detection) i s perfor med r iDgChot aanfdt elr e floR eemoa
digital filtering. Three options are available: Nil, Half Wave, and Full W&Vken

rectificationis agplied to a channel, the syml=I(Half Wave) or® (Full Wave)will

be displayed beside the corresponding axis label in the Oscillostap.

The following figure shows a sine wave before and afterwalfe rectification.
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wom wom

".‘ Half-wave Rectification

The following figure shows a sine wave before and afterwalie rectification.
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4 Full-wave Rectificatio

2.6.2.82.3.3 None

No filtering will be performed.

2.6.2.82.34 Low Pas

A low pass filter is a filter that passes low frequencies and rejects (attenuates the
amplitude of) frequencies higher than the cutoff frequency. Two classes of low pass
filters are supported: FFT and FIR.

When a Low Pass filter is applied to a chdntiee symbo = will be displayed beside

the corresponding axis label in the Oscilloscope view.

2.6.2.82.35 High Pass

A high pass filter is a filter that passes high frequencies and rejects (attenuates the

amplitude of) frequencies lower than thaaftifrequency. Two classes of high pass
filters are supported: FFT and FIR.
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When a High Pass filter is applied to a channel, the sy + lvall be displayed beside
the corresponding axis label in the Oscilloscope view.

2.6.2.82.3.6 BandPass

A bandpass filter is a filter that passes frequencies within a certain range and rejects
(attenuates the amplitude of) frequencies outside that range. Two classes of band pass
filters are supported: FFT and FIR.

When a Band Pass filter is applied to a chantied symbo% will be displayed
beside the corresponding axis label in the Oscilloscope view.

2.6.2.82.3.7 Band Stop

A band stop filter is a filter that rejects (attenuates the amplitude of) frequencies in a
certain range and passes the rest ofueegies. Two classes of band stop filters are
supported: FFT and FIR.

When a Band Stop filter is applied to a channel, the syiZhwill be displayed
beside the corresponding axis label in the Oscilloscope view.

2.6.2.82.3.8 Arbitrary

An arbitrary flter is a filter that has an arbitrary frequency response. There are two
ways to define an arbitrary filter. One is to define its frequency response (magnitude).
The other is to define its filter coefficients.

1 Use Frequency Response File (*.frf) to defan arbitrary filter

A Frequency Responsel&is a Comma SeparatedMe (CSV) TXT file that
defines the magnitude frequency responsea difter. It has the following
format:

Example:

1,0,0

2,1000,0
3,1000.1;1000
4,100000,1000
e é

Each lire contails three comma separatediues. The first variable is the
sequential number. The second one is the frequency value in Hz. And the
third one is the corresponding gain value in dBote that O dB represerds

unit gain. Any frequencies that falutside the defined range will be given a
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gain ofi 1000 dB. The example shown above is a low pass filter with a cutoff
frequency of 1000 Hz.

Some sample files are provided in the FRF directory of the s&ftarad can
be used as templatesich as:

(1) RemrdingRIAA

(2) ReproducingRIAA

(3) SpeecMale (IEC 6026816)

(4) SpeechFemaldEC 6026816)

(5) AES6-2008W&F (Wow & Flutter)

(6) 1SO-2631-1-Wc (horizontal wholebody vibration xaxis)

(7) 1SO-2631-1-Wd (horizontal wholebody vibration xaxis or yaxis)
(8) 1SO-2631-1-We (mtatingwhole-body vibratior)

(9) 1ISO-2631-1-Wf (low-frequency vertical wholpody vibration zaxis)
(10) 1SO-2631-1-W;j (vertical head vibratign

(11) 1SO-2631-1-Wk (vertical wholebody vibration zaxis )

(12) 1S0O-2631-2-Wm (whole-body vibration on notspecific posture
(13) 1SO-2631-4-Whb (vertical wholebody vibration zaxis)

(14) 1SO-53491-Wh (handarm vibratior)

1 Use IIR Coefficient File (*.iir) to define an arbitrary filter
An IR filter is defined as:
y[n]=box[n]+bax[n-1 | + €wx[n-M]- ay[n-1]- ay[n-2]-€ - avy[n-N];

where:

x[n] is the input signal,

y[n] is the output signal,

b; is the secalled feedforward filter coefficients,
a is the secalled feedback filter coefficients,

M is the feedforward filter order,

N is the feedback filter order.

An 1IR Coefficient Fle is a Comma Sepated Vdue (CSV) TXT file that
contains the coefficients of the IIR filter. It has the following format
(assuming M>N):

Example:

p N O
CDwgfbng'ng
é; g PP

ZZ(D\Z(D\
o P
<
-F
=
o
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where a0 (uswually assi gaehbldeaand/will ue of
always be ignored by the software. For IIR filters, usually M and N are
designed to be equal. In the cases that they are not equal, zeros must be used to

fill up the gaps. The maximum order supported is 32766. If N = 0, then the

filter becomes a FIR filter.

It should be noted that the software is built with a limiter which will prevent the
output of any digital filter from going outside of the range defined by the input ADC
full-scale voltage.

Some sample files are provided in the directory of the software and can be used as
templates.

When an Arbitrary filter is applied to a channel, the syn%»cyl/ill be displayed
beside the corresponding axis label in the Oscilloscope view.

The buttor 22! in this dialog can be used to opdre tselected Frequency Response
File or the IIR Coefficient File for viewingr editing via Microsoft Notepad.

2.6.2.83 Parameter Measurement

Parameter masirement is performed aftenter-frame andintra-frame processing.
The following parameters car lneasured.

2.6.2.83.1 Reverlerationand Its Related\cousticParameters

Reverberation is the phenomenon of persistence of sound after it hasrbeeed

as a result of multiple reflections from fagses such asvalls, ceilings floors,
furniture,andpeoplein an enclosure These reflections build up with each reflection
and decay gradually as they are absorbed bydfecting surfaces. Reverberation
can enhancthe perception of musiautit canreduce speech intelligibility.

2.6.2.83.1.1 Reerberation Time

Reverberatiorcan bequantitatively characterized WeverberationTime. The time

taken for the sound pressure level to decay 60aftBr the source emission has
stoppedis called theReverberationTime (RT, or RT6Q. It is the most imprtant
parameter describing the acoustic quality of a room or sgacereal environment, it

can be difficult to achieve a dynamic range of more than 60 dB to measure RT60
directly, due to the noisy background and other constraint®erefore, RT60 is
usuallyevaluatedbased on a smaller dynamic raragel extrapolated to a decay time

of 60 dB. It is then labelled amrdingly.1SO3382defines T20, T30 and Early Decay
Time (EDT) as follows
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T20 isthe RT60derived from thedecay curve betweehdB and 25dB below the
initial level. The initial level must be &ast 35dBhigher tharthe background noise
level

T30 is the RT60 derived from the decay curve between 5dB and 35dB below the
initial level. The initial level must be at lea45dB higher hanthe background noise
level.

If the reverberatiorsound field is fully diffusedafter multiple reflectionsthe energy

decayrate will becomeexponentialif linear scale is usear linear if dB(logarithmic)

scale is used. This implicitly assumedn the concept of Reverberation Tiraed is

the basis for the abovextrapolation However the first few reflectiondi.e. the

earliest, lowesorder reflections)which are often good facsimiles of the direct sound,

are likely to decay at a differerait e . This fAearl yo decay i s s
directivity of the sound source and surface materials of the objects near it.

Early Decay Time (EDT) is derived from the decay cuveéween0 dB and 10 dB
below the initial level.Similar to T20 andr'30, it is alscextrapolatedo a decay time
of 60 dB.

2.6.2.83.1.2Clarity C50 and C80Definition D50, Center Time Ts

The reverberat characteristics of an encloswan also beuantitatively described by
early-to-late energy raticor Clarity. Clarity is defined as the ratio dhe energy
arriving before the time to the energwarriving afterthetime t within the reverberant
decay period, expressed in dBlhe two most commonly useahes are C50 (for
speech) and C80 (for music), in which the enesggplit at 50 ms and 80 ms after the
direct sound stops.
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Another parameter in this category is Definition D50. It is an dartptal energy
ratio defined as the ratio of the energy in the firstr&0to the total energy within the
reverberant decay ped, expressed in percentage.

Center Time Tsis thetime of thefi c ermotfe gr avi t y 0 withifi thee he ene.|
reverberant decay period

2.6.2.83.1.3 Frequency BandSelection

Reverberation is frequency dependent. Althouglrerberation time isften stated as

a single value if measured as a broadband signal (20Hz ~ 20kiznoreprecisely
described in terms of frequency bands. Two options are avaitatiie softwarel/1
octaveand1/3 octave. In 1/1 octave band analy#ig acquireddata wil be filtered

by 1/1 octave band pass filters centered at 63Hz, 125Hz, 250Hz, 500Hz, 1kHz, 2kHz,
4kHz and 8kHZfirst before reverberation analysidf fil/3 octave is chosen, the
acquired data will be filtered by 1/3 octave band pass filters centergdHz, 63Hz,
80Hz,100Hz,125Hz,160Hz,200Hz,250Hz,315Hz,400Hz,500Hz,630Hz, 800Hz,

1kHz, 1.25Hz, 1.6Hz, 2kHz, 2.5kHz, 3.15kHz, 4kHz, 5kHz, 6.3kHz, 8kHz, 10kHz
instead. In both cases, the original data without filtering will alscabalyedand the
resul ts wild/ be tagged under fibroadbando.

2.6.2.83.1.4 Measurement Methods

Both thesound source antthe measurememhicrophone should be omnidirectional.
The measurements @hld be made with different microphommsitions which are at
least 15 mapart, 2 m from any sound source and 1 m fromrafigcting surfaces

There are generally two methods to measuredtierberant decay curverterrupted
noise method and integrated impulse response methadti-Instrument is able to
automaticallydifferentiate thee two based on theverall shape of thdatacurvein

the Oscilloscope Thereforein the softwarethere is no need to explilyi specify
which method is usedBeside the time domain analysis methods described here, it is
also possible to realyze reverberation in tirmeequency domain, this will be
introduced later in the Chapter of Spectrum 3D Plot.

(1) Interrupted noise method

The decay curve can be obtained by direct recording of the decay of the sound
pressure level after exciting an emsilire with broadband or bafithited noise. Pink

noise is usually used in this methotihe excitation signal stuld be sufficiently long

to produce a steaestate sound pressure level in all frequency bamds particular
frequency bandbefore it is swiched off. In order to obtain steaestate conditions,

the excitation time shall be at least half of the estichaeverberation time
Synchronizedsignal generator and oscilloscope operation of Moktrument can be

used to facilitate the capture ofetlsound pressure decay procegsPanel Setting

File example can be found\asf\Pro\RT60InterruptedNoise5ssf.

The following figure showan example othe instantaneousound pressureariation
recorded using this method.
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During reverberation alysis, the directly recorded instantaneous sound pressure
variation will bebandpass filteredor each frequency baraf interestandconverted

to sound pressure level (ABSRAith the integration time determined by the software
automatically (see figurebelow) EDT, T20 and T30 will then be calculated
automatically according t¢603382 Note that he latter two arebtained through
linear regressian
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The decay curve measured withistmethodmay vary from one measurement to
another with no changen the characteristics of the enclosure and transmitting /
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receiving position. This is due to the randomness okeuo#tationsignal (different
initial amplitudes and phases). vé&taging3 or moredecay curves or reverberation
times measured at otr@nsnitting / receivingposition is mandatory in order to obtain
a suitablestatisticalrepeatability.

A sample panel setting file for this method can be found at\pnosf
RT60InterruptedNoise5ssf.

(2) Integrated impulse response method

Impulse response the temporal evolution of the sound pressure observed at a point
in an enclosure as a result of the emission of a Dirac impulse at another point in the
enclosure. The following figure shows impulse responsxample

A V) A Mac= 2766228 v Min= -253.9788 miv Mean= -0.06 pY RMS= 1.91370 mv
i ==
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The decay curve can be obtairy reversetime integration of thesquaredmpulse
response(see figure below)This method isalso known asSchroeder Integration
method. Dr. Manfred Schroeder has shown that #resemble average of decay
curves from multiple measurements using the mipted noise methoadan be
obtained from the backward integrated squared impulse resguosghone single
measurement.This method smooths the decay ardvides a very clean maximum
level. Theoretically, the integration should start at the end eftithe record and
work back to the beginning. Howevelye to the existence dfie background noise

in the actual measuremerthe integration curve will flatten out as the reverberant
decay slope runs into the noise floofThis will lead to overestimain of the
reverberation time if the impulse response &disnited dynamic range and long
noise tail. To solve this problem, thimtegrationshould start at the pointhere the
decay slopemeets the noise floor This point is sometimes calleisaddle pinto.
Similarly, the backward iegration should end at the powhere the direct sound
arrives, excluding any background noigefore that time. This ensures the correct
detection of the maximum levelThe above integration range will be automaticall
detected byMulti-Instrument To standardize the rendering of the integration curve,
the Schroeder integration is normalized so that it peaks at Wdike the case of the
interrupted noise methad whichthe energy decay curve has a platfornthefinitial
level, the energy decay curve af impulse responsenly has a peak at the time when
the direct sound arrives. This characterigcused by the software to identify an
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impulse responseln case an impulse response has its peak at or very toldbe
beginning of thdime record, then the software will fail to recognizastan impulse
responseand it will then be treated as if it is measured with the interrupted noise
method.

A: Impulse Response Schroeder Integration Curve - Broadband
EDT=0.680s T20-0.880s C50= 5.1dB C80= 7.0dE D50=76.3% Ts=0.035s

°
/Arrival of Direct Sound

o Max= 0.0dB

Early Decay Max-5dB = -50 dB

\ Max-10dE = - 10,0 dB

=10
Reverberant Decay
-20
Max-25dB = -25.0 dB

Reverse Time-Integration of Squared impulse Response

Energy {dB}
&

ML =-425dE

Squared Impulse Response

Saddle Point

Background Noise Level

1.09227
1.36533
1.91147

0.546133
2.18453
2.73067

Integration Range Time (s)

The impulse responsand frequency responsa a LTI (Linear Time-Invariant)
systemare a Fourier transform paiThey arethe most important characteristics of a
LTI system. As the impulse response a deterministic function and not prone to
statistical deviations, no averaging is necessarythis method Besde the
reverberation time EDT, T20 and T30, Clarity C50 and C80, Definition D50 and
Center Time Ts will also be calculated in this methodigain, T20 and T30 are
obtained through linear regression.

There aralirect and indirecinethods to obtain the imfse response.

(i) Direct Method

It is impossible in practice to create and radiate a true Dirac impulse but short
transient sounds (e.g.gunshot) can offer close enough approximations for practical
measuremest

The impulse responsean be recorced drectly using an impulse source such as a
pistol shot, balloon burst, spark gdipe crackerhand clappr any other sound source
that produces an impulse with sufficient bandwidth and energy.

(i) Indirect Method
The impulse response can be measurdddntly usingbroadband excitation signals
such as white noise, pink noise, linear / logarithmic swept amVLS (Maximum
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Length Sequence). This will be introduced later in the impulse response sextion
well ascrosscorrelation sectionn the Speecum Analyzer chapter.The measured
impulse response can be exported as a TXTrble the Spectrum Analyzend then
importedinto the Oscilloscopeia [File]>[Import] for reverberation analysis.

A sample panel setting file for this method can be fowtd psiproRT60
STlimpulseResponsepsf.

2.6.2.83.1.5 AnalysisResuls

If the "Reverberation / Speech Intelligibilityoption is ticked the software will
perform reverberation and spedakelligibility analysis and store the resain two
DDP arays: AcousticParameter_ A _Arra§] for  Channel A and
AcousticParameter_B_Array[for Channel B.When fetching a particular parameter,
A?0 shoul dyisarray iedpxl Thefelldwingtable showghe contenpf
each array elementlevant to revdrerationunder 1/1 octavdand analysis For
example,AcousticParameter_A_Arrayf] should be used toeadT20 in broadband
in Channel A.

Broatand | 63Hz | 125Hz | 250Hz | 500Hz | 1kHz | 2kHz | 4kHz | 8kHz
EDT(s) 0 1 2 3 4 5 6 7 8
Reserved 9 10 11 12 13 14 15 16 17
T2Gs) 18 19 20 21 22 23 24 25 26
120 27 28 29 30 31 32 33 34 35
T3Qs) 36 37 38 39 40 a1 42 43 44
T30 45 46 a7 48 49 50 51 52 53
C5@dB) 54 55 56 57 58 59 60 61 62
C8qdB) 63 64 65 66 67 68 69 70 71
D5Q%) 72 73 74 75 76 77 78 79 80
Tqs) 81 82 83 84 85 86 87 88 89

The followingtable shows the conteof each array element under 1/3 octéaand
analysis.

EDTs) | Reserved T20(s) | rT20 | T30(s) | rT30 | C50(dB)| C80(dB) D50(%)| Ts(s)
Broadband 300 325 350 375 400 425 450 475 500 525
50Hz 301 326 351 376 | 401 426 | 451 476 501 526
63Hz 302 327 352 377 | 402 427 | 452 477 502 527
80Hz 303 328 353 378 | 403 428 | 453 478 503 528
100Hz 304 329 354 379 | 404 429 | 454 479 504 529
125Hz 305 330 355 380 | 405 430 | 455 480 505 530
160Hz 306 331 356 381 | 406 431 | 456 481 506 531
200Hz 307 332 357 382 | 407 432 | 457 482 507 532
250Hz 308 333 358 383 | 408 433 | 458 483 508 533
315Hz 309 334 359 384 | 409 434 | 459 484 509 534
400Hz 310 335 360 385 | 410 435 | 460 485 510 535
500Hz 311 336 361 386 | 411 436 | 461 486 511 536
630Hz 312 337 362 387 412 437 462 487 512 537
800Hz 313 338 363 388 | 413 438 | 463 488 513 538
1kHz 314 339 364 389 | 414 439 | 464 489 514 539
1.25kHz | 315 340 365 390 415 440 465 490 515 540
1.6kHz 316 341 366 391 416 441 466 491 516 541
2kHz 317 342 367 392 417 442 467 492 517 542
2.5kHz 318 343 368 393 | 418 443 | 468 493 518 543
3.15kHz | 319 344 369 394 419 444 469 494 519 544
4kHz 320 345 370 395 | 420 445 | 470 495 520 545
5kHz 321 346 371 396 421 446 471 496 521 546
6.3kHz 322 347 372 397 422 447 472 497 522 547
8kHz 33 348 373 398 | 423 448 | 473 498 523 548
10kHz 324 349 374 399 424 449 474 499 524 549

www.virtins.com 13¢ Copyright ©2006-2025 Virtins Technology



VIRTINS' Multi-Instrument 3.9.6 Manual @Virtins Technology

rT20 and rT30 are the linear regression correlation coefficients for T20 and T30
respectively. If the result in a particular array element is invalid, a super large
negative value-10°° will be stored there. A result can be invalid if the dynamic range
of the decay curve is not enoygihe linear regression correlation coefficient is
outside the range ofl~0.4, or the interrupted noisenethod is used instead of the
integrated impulseesponsenethod

The above parametecan be vieed through DDP iewer individually. They can also
be viewedogetherin the followingfour reports using DDP array viewer:

(1) A-Reverberation / Speech Intelligibility (1/1 Octave)
(2) B-Reverberabn / Speech Intelligibility (1/1 Octave)

(3) A-Reverberation / Speech Intelligibility (1/3 Octave)
(4) B-Reverberation / Speech Intelligibility (1/3 Octave)

The fdlowing figure showshe 1/1 octavebandresultsof an impulse responsalote
that it also containthe speech intelligibilityanalysisresults which will be described
later.

T8 A -Reverberation / Speech Intelligibility [1/1 Octave)

Fieq.[Hz] | Broadband | E3Hz | 125Hz | 250Hz | 500Hz | 1kHz | 2kHz | 4kHz | BkHz |
EDTIs) 0680 . 1.124 053 0752  0E13 0895 OEET 0.4EE
T20[2) 0.980 . 1.291 1152 1035 1019 0978 0976 0732
T30[5) . . . 1178 1100 1054 0997 0975 0.791
C50(dB) 5.1 27 00 1.7 27 48 45 5.9 77
C30(dB) 7.0 5.2 44 42 45 EE B0 8.0 97
A0 763 £4.9 497 405 B5.2 75.0 74.3 79.4 5.4
Tsls) 0.035 0.059 0.057 0070 0046 0035 0040 0.03 0.025
MTF[0.E3HZ] - - 0.935 0954 0959 0953 0953 0.973 0,993
MTF(0.8Hz) . 0.935 0954 0959 0953 0953 0.973 0,993
MTF[1Hz) 0.573 0908 0917 0925 0926 0.946 0.975
MTF([1.25Hz] 0.573 0908 0917 0925 0926 0.946 0.975
MTF[1.5Hz) 0.803 0856 0863 0893 0893 0.916 0.959
MTF[2Hz) 0.734 0802 0818 0842 0842 0886 0.942
MTF(2.5Hz) 0.505 0E9S 0720 077 0773 0834 0.907
MTF(3.15Hz] 0.497 0EO0 0638 0724 0732 079 0.575
MTF[4Hz) 0,359 0511 08582 0702 0OF5 07 0852
M TF[5Hz) 0.220 0401 0543 0E9E 0715 0746 0.825
MTF(E.3Hz) 0.100 0300 0571 0E9 0732 0732 0.803
MTF[3Hz) 0123 0245 0644 0672 0715 0720 0.759
MTF[10Hz) 0,262 0313 0630 0B 0OEE3 0703 0.725
MTF(12.5Hz] 0.254 0403 0571  0E%2 0673 0.704 0.702
BT . . 0.544 0620 0638 0728 073F 0769 0829
STIM) 0.730 Rated A [Good)  #ALcoms(M]  3.266

STIIF) 0.741 Rated & [Good)  #ALcomslF]  3.078

The following figureshows thel/3 octavebandresultsof an impulse responsdt
containghereverberatioranalysisresults only.

FEX

22 A Reverberation / Speech Intelligibility (1/3 Octave)

Freq. (Hz) | Eraadband | 60Hz | 63Hz [ 80Hz [ 100Hz | 125Hz | 160Hz | 200Hz [ 260Hz [ 315Hz | 400Hz [ 500Hz | 630Hz [ 800Hz [ 1kHz | 1.25kHz [ 1.6kHz [ 2kHz [ 2 5kHz [ 315kHz | 4kHz
EDTs] 0680 1063 0971 1260 1099 1106 0826 0702 0823 0517 0978 0673 0935 0867 0895 0642 095 0823 0745
TEOs) 0880 0820 1897 1566 1315 1179 1153 1203 1333 1170 1123 1095 1036 1050 1005 0943 1061 1002 0979
T - - - - . - . . 1120 1236 1446 1452 1424 1189 1037 1082 0980 0953 103 0974 1.000
CEO[dE) 5 7412 34 0z 00 04 05 13 06 25 14 08 41 14 35 58 41 30 31 439
CEO[dE) 70 152 41 40 23 28 13 18 46 53 48 35 14 5B 47 &3 65 5% B0 &7 68
Doz 763 847 568 634 509 GO0 521 465 572 466 B39 582 ME 719 581 689 793 721 GBS 672 7HB
Tals) 0.035 0026 005 0060 0077 0080 000 0082 0084 0059 0049 0059 0072 004 0057 0046 0035 0042 005 0047 0036
3 b
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It should be noted that for theteruptednoise method, only EDT, T20 and T30 will
be shown under both 1/1 and 1/3 octdand analysesFor T20 and T30, if the
corresponding linear regression correlation coefficient is greater@@uifor the case

of the interruptednoise method, or0.9% for the case of the integrated impulse
response methodi~0 will be displayed before the measured value to indicate that the
value may not be very reliable.

The reverberation and speech intelligibilignalysis here calculates the acoustic
parameters ieach frequency band one by one automatically andniaystake a little

while to complete.The datain the Oscilloscopeshould be kept small in size and
contain only the information relevant to reverberation deicagrder to cut down the
computationtime. If you are only interested in the acoustic parameters in a particular
frequency band, you can ude Derived Data Curve (DDC) function instead, where
Energy Time Curve (dBSPL) can be used for the interrupted noise method, and
Impulse Response Schroedietegration Curvean be used for the integrated impulse
response method. These DDCs can also be used to manually verify the results of the
automatic parameter measurememtthe Oscilloscope. DDC function will be
described later.

2.6.2.83.2 Speechntelligibility

A transmission channel transmits speech from a talker to a listener through electrical,
acoustic, optical or othesignalpaths. Thegeech intelligibilitycharacteristicef the
transmission channalan be quantifiedhrough either subjective listening tests or
objective measurementsThe latter are faster and normally used Speech
Transmission IndexSTI) is commonly used as an objective measure to predict the
intelligibility of speech transmitted by theansmission channellt was aiginally
proposed by Houtgast and Steeneken, and standardized most recently by IEC 60286
16:2011in its fourth edition The concept 08Tl is based on thempiricalfinding that

in speech signals the most releveribrmation to speecktelligibility is the intensity
fluctuations(or modulationy whichresult from the acoustic separation of sentences,
words, and phonemgshe fundamental elements of speecKlodulation transfer
function (MTF)is used to quantifjnow well the transmissiorchannel peserves this
intensity modulation.A singlenumberSTI valuecan be calculated after MTkath

14 modulatbn frequencies (from 0.63Hz to 12.5Hz, 4Btave apart) and in seven

1/1 octave bands (from 125Hz to 8kHme obtained

2.6.2.83.2.1 Modulation Tranfer Function

In objective measurementpeech can be modeled as@ise carrierwith a speech
shaped frequency spectrumtensitymodulated by a lowirequency sine waveThe
intensity here is equal to the square of the sound presddaulation Trasfer
Function (MTF) is defined as the ratio thie modulation indexXor modulationdepth)
of thereceived signal to that of the transmitted signahy reduction of the MTF by
the transmission channalue to reverberation, echo, linear and nonlineaoidish,
and noisejs considered to result in some deterioration of speech intelligibilitye
definition of MTF isillustratedas follows.
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MTF is a function of thanodulaton frequency fm and the spectral content of the
carrier. To calculate STIMTF is evaluated for 14 modulatidrequencies0.63Hz
0.8Hz, 1Hz, 1.25Hz, 1.6Hz,Hz, 2.5Hz, 3.15Hz, 4Hz, 5Hz, 6.3H8Hz, 10Hz,
125Hz. The lower modulation frequencies mimic sentence and word separation
while the higher modulatiofrequenciesmimic phoreme separation within words.
The spectral content of speech itself is also import&sven octave bands: 125Hz,
250Hz, 500Hz, 1kHz, 2kHz, 4kHz, 8kHwithin which the carrigs overall spectral
shape matabs the longterm averaged speech spectruane ewaluated for each
modulation frequency. This givestatal of 7 x 14 = 98 combinations and thus 98
MTFs. The seven octave bande not contribute equally to intelligibility Although

low speech frequencies (vowetontribute most to the power of a spee@nal, it is

the higher speech frequencies (consonants) which contribute the most to speech
intelligibility. This is reflected in th&equency bandveighting factors applied when
calculatingthe singlenumber STI from a matrix of MTFs IEC 6028616:2011
stipulates different weighting profiles for males and femaksth STI(M) for males

and STI(F) fofemales are calculated in Multastrument.

2.6.2.83.2.2 Speechiransmissiorindex

FULL STI method requires 98 test signals to be applied segligntiath each
measurement taking about 10 seconds. The overall measurement time is
approximately 15 minutesThis methods considered to be the most accurate of the
STI methods, but it is rarely used today because simplified methods which were
subsequetty developed are faster and more practicéhree simplified methods are
popular STIPA (STl for public address systens), STITEL (STI for
telecommunication systesh RASTI(Room Acousti@al STI).

STIPA consists of a test signal with a predefined sdtvof modulationg(1.6Hz &
8Hz, 1Hz & 5Hz, 0.63Hz & 3.15Hz, 2Hz & 10Hz, 1.25Hz & 6.25Hz, 0.8Hz & 4Hz,
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2.5Hz & 12.5Hz)per octave ban{l25Hz, 250Hz, 500Hz, 1kHz, 2kHz, 4kHaKHZz)
that are generated simultaneously givingosal of 14 modulation indicesOne
measurement takes between 10s and 15s.

STITEL consists of a test signal with a predefined set of seven modulation
frequencieg1.12Hz, 11.33Hz, 0.71Hz, 2.83Hz, 6.97Hz, 1.78Hz and 4.53w&) per
octave band125Hz, 250Hz, 500Hz, 1kHz, 2kHz, 4kHz, 8kiH#at are generated
simultaneously giving a total of sevemoduktion indices. One measurement takes
approximately 12s.

RASTI consists of test signal with a predefined set of nine modulation frequencies
that are generated simultaneously, f{0e/Hz 1.4Hz, 2.8Hz, 5.6Hz, 11.2Kifor the
2000Hz octave band and fo(t.0Hz, 2.0Hz, 4.0Hz, 8.0HZApr the 500Hz octave
band. One measuremeiakés approximately 30sRASTI is considereabsoletein
IEC-6028616:2011

The direct FULL STI method is generaltpw only used fobackgroundSTI research.
However, indirect FULL STI method exists and is popular.

2.6.2.83.2.3 Measurement Methods
MTF is the basis of STIThere are two MTF measurement methods:

(1) Direct Method

This methoduses modulatedpeeckshaped noiseso measure MTF directly. It
accounts for notinear distortion and can be used for both linear and nonlinear
systems.

It is possible to measuttde modulation index and theMTF directly using User
Defined Data Point (UDDP) in Mulinstrument. This will be described later in the
UDDP section. The derivation of STI from a matrix of MTFRsbtained through the
direct methods howevemot directly supported in the software.

It is also possible to generate the modulated noise through the Signarator in
Multi-Instrument. Although te amplitude modulation function of the Signal
Generatorsupports only asinusoidal carrier and thus cannot be used hetke
window-sha@d maskfunction can be used instead to genethéemodulated signal
usingan arbitrary signal as the carrier, ame of the available window functions as
the modulation function In particulartrue or pseudo pink or white noise, MLS, or
speecHike noise can be used as the carrier @odine 1.0 window can be used as the
intensity modulation function. If amplitude modulation rather than intensity
modulationis required, Hann window (=Cosine 2.0) should be used instead.

(2) Indirect Method

This methodusesthe systends impulse responsto derive MTF. It should only be
used for ineartime-invariantsystems. Dr. Manfred Schroeddnas shown that MTF
can be derived from the Fourier transform of the squared impulse regsointiews
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where:
m(fm) is the MTFat modulation frequency,fin octave band k
hg(t) is the impulse rgmnse of octave band k;
fmisthemodulation frequency;
tis theintegration variable for time;

hk(t) can be obtainefy filtering the broadband impulsesponsewith the respective

octave band filter.The lengthof the impulse response musit be lessthan half of

the reverberation timand 1.6s to ensure a reliable calculation of the modulation

indices for the lowest modulation frequency of 0.63 WETF is noise dependentt

should be noted thahe measuring process of the impulse response shatld n

involve averagingvhich would otherwiseeduceartificially the backgroundnoise

On the other handf the impulse response contaimrealisticallylow or no noise, the

measured MTF is callefiNoisefree: MTF and the noise effect can be taken into

accaint subsequently as follows:
mk'[_fm]:mk(fm);sm

1+10
whereSNR is the signato-noise ratio in dBor octave band .k

The above formula shows thathen SNR is greater than 18B, the reductiorof
MTF due to noise is less than 3%.

During impulse response measuremdnthe SNR in each octave band is at least 20
dB, no matter whetheaveraging is used or not, the impulse response is considered
finoisefreed. Impulsive signad such as the Dirac function are not generally suitable
here when background noise, pdsand limiting and norlinear distortion are
significant, sine the average spectrdistribution of typical speecis not represented

in the test signal.If the impulse response is measured through deconvolution of a
deterministic signal, such as a MLS or sweemaligthe measurement takes far less
time than with the modulated noise method for the same regpholity (some 5 s on
average). If the measured impulse response is considéramsefreed, and it is
necessaryo takeinto accounthe noise effecthe kackground noisean be measured
separatly. Compensation for the noise effect through a sepdrat&ground noise
measuremeris not currently supported in the software.

MTF can be further extended to includeditory effects such as level dependent
audiory masking andabsolute spech receptiomthresholdas defined in IEC 60268
16. 2011. These effectsshould only be taken into accounwhen test signals are
obtained acoustically Compensation for the auditory effects currently not
implemented in theoftware.

Normally FULL STI is calculated in thandirect method, as the processing time is
quite shortunlike the direct methodThere is no advantage to calculate other reduced
versiors of STI in the indirect methodl'his method is adopted in the suftre. A
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sample panel setting file for this method can be found at\prE¥RT60
STlimpulseResponse psf.

2.6.2.83.2.4Deriving STI from MTF

Once MTFs are obtained, either through direct method or through indirect method,
STI can be calculated usinget samenethodas follows

(1) MTFym is transformed into an effectiv@gnatto-noise ratio SN « im (dB) as
given by:

m‘:‘.‘fm
1 - m;(.‘fm
SNRett k im (dB) is limited to the range 6fLl5dB ~ +15dB.

SNR gt k. fn 10 xlog

(2) SNResikm (dB) is convertedo a tansmissionndexTly im using:

SA"TReff k)fm +15
Tl = 25

(3) All Tl in each octave band are arithmetically averaged to obtdiodalation
Transfer Index (MTJ) for that octave band

(4) All MTIy are combined usintpe following formulato get the STM) and ST(F).
7 6

STI = 3 ap x MTIy = D" By x| MIT; x MTI 4

k=1 k=1
whenes Ut he weighting f agthegedundancy facoct ave b
between octave band k and octave band k+1.

STl is limited to the range of 0O~Males and femalebave different weighting and
redundancy factors and thus different SBoth STI(M) for males and STI(F) for
females are calculated.

STI can be | abelled as AExcell ento, AGoodo
demarcation values: 0.75, 0.60, 0.45, 0.30is relates it to the subjective ratings on

speech intelligibility.1 t can al so be categorized under
AFo, AGo, AHO, Al o, i J e
0.64, 0.60, 0.56, 0.52, 0.48, 0.44, 0.40, 0.36.

~

AJo, AUO according to

2.6.2.83.2.5 Articulation Loss of @sonants (%ALcons)

The %ALcons is originally based on the reception of words by listeners. It can also
be derived from STI through a widely used approximation formula:

%AL  =170.5405.¢741%57

cons

The %Alconsvalues normally range from O (corresponding to an excellent speech
intelligibility) to 100 (corresponding to an extremely bad speech intelligibility), but
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the %ALconsvalue calculated from the abovementioned approximation formula, will
exceed 100 at a very low STLIn Multi-Instrument, %ALcon@) for males
and %ALcongF) for females will alsdbe reportedafter the corresponding STIs are
obtained.

2.6.2.83.2.6 AnalysisResults

If the "Reverberation / Speech Intelligibilityoption is ticked, the software will
perform reverberation and speech intelligibility analysis and store thesrgsito

DDP arrays: AcousticParameter_A_Arra§] for  Channel A and
AcousticParameter_B_Array[for Channel B.When fetching a particular parameter,
2?0 shoul dyisarray irdpxl Taefelowindgtable shows the content of
each array elememtlevant to speech intelligibilityunder 1/1 octave band analysis.
Note that if IN/IR>=0, it reflects that the data in the Oscilloscope have been
automatically detected as an impulse response and the speech intelligibility related
parameterdiave beercalculded. There are no applicable parameters in the shaded
cells in the table.

Broatand 125Hz | 250Hz | 500Hz 1kHz 2kHz 4kHz 8kHz
92 93 94 95 96 97 98
101 102 103 104 105 106 107
110 111 112 113 114 115 116

119 120 121 122 123 124 125
128 129 130 131 132 133 134
137 138 139 140 141 142 143
146 147 148 149 150 151 152
155 156 157 158 159 160 161
164 165 166 167 168 169 170
173 174 175 176 177 178 179
182 183 184 185 186 187 188
191 192 193 194 195 196 197
200 201 202 203 204 205 206
209 210 211 212 213 214 215
218 219 220 221 222 223 224

STI(M) 225
STI(F) 226
%ALcons(M 227
%ALcons(F) 228
IN/IR 229

The above parameters can be viewed through DDP viewer individually. They can also
be viewnedtogetherin the following two reports using DDP array viewer:

(1) A-Reverberation / Speech Intelligibility (1/1 Octave)
(2) B-Reverberation / Speech Intelligibility (1/1 Octave)

2.6.2.83.3 Discontinuity

In Multi-Instrument, discontinuity is defined a&ise instantaneousbruphesson a
waveform. It is a function of time andated in percentagelf the fiDiscontinuityd
option is tickedthe software wll calculate the discontinuity at every sample of the
waveform and store the maximum value together withodsurring time in the
following DDPs: MaxDiscontinuityValue_A(%)and MaxDiscontinuityTime_A(S)
for Channel A, andvlaxDiscontinuityValueB(%) and MaxDiscontinuityTime B(Ss)
for Channel B. The following three figures show a sine swe#p a normal
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wavefom, a waveform with a singlside glitch, and a waveform with a doulsiee
glitch, respectively.lt can be seen that the two glitches are detected correctly with
their discontinuity value$7.3812% and 9.4305%puch higher tharthe maximum
discontinuityvalue (0.0553%) othe normal case.
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With a single-side glitch
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With a double-side glitch

Discontinuity measurement has its applications in detection of digital audio dropouts
and speaker rub & buzz, eté.dropout in digital audio is drief lossof datathat
causes a discontinuity in a data streathusually occurs during data transmission.
When it comes to analog domain, the discontinuétiers tothe abruptnesslong a

data curve

An ideal sine wave is perfectly smooth and has acatsinuity value of 0%
everywhere. A continuousin® sweep is very smooth and hasry small
discontinuiy valuesalong its waveform. These valudepend orthe sweep speed
The longer the sweep timdet narrover the sweep range, the lower the discmuity
values. If the sweepspeedchanges linearly, the discontinuity asconstant. Digital
audio dropouts can be checked using a sine wave stinwihile the speaker rub &
buzzis usuallytested using aontinuoussine sweep.

When a device under te®UT) is excited with a sinevaveor continuoussine sweep
its output wavefornwill be very smoothf its regularharmonicdistortiors are low
andthere is narregulardistortion occurs Whether the regulanarmonicdistortiors
will cause abrupt changef waveform depersglon ther orders andamplitudesas
well as the phase response of the DUWHigher order harmonic distortionsontribute
more towaveformabruphessthan lower ones Regularharmonicdistortions can be
guantized in frequency domain ardst will be introduced laterOn the other hand,
the distortions caused by digital audio dropouts and speaker rub &drezasually
irregular andmpulsive They carry very little energy and thus do not showery
discernibly in frequency domaithat contains only time averaged information
Traditionalfrequency domaimethods like RMS-FT and Total Harmonic Distortion
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(THD) arethus not useful. In many cases, it is easier and better to detect them
directly in time domainwherethe irregular distortins contribute much mote the
discontinuity peakshan the regular harmonic distortions

A sample panel setting file can be found at\grsk DiscontinuityTest.psf.

2.6.2.83.4 Sep Response

Step response is the tinexolutionof the outputs of aystem when its inputhangs
from zero (low level) to one (high levehr one (high level) to zero (low level)
instantly Tenparameters ad step response are measured in the software: Low Level,
High Level, Percentage Overshoot, Percentage Undersha®, TRne Fall Time
Peak Time, Peak Settling Time, Trough Time and Trough Settling. Tilmey can be
accessed throughe followingDDPs:

Channel A

StepResponseHighLevel A(EU),

StepResponseHighLevel A(EU),

StepResponseOvershoot_A(%),

StepResponseUndécot_A(%),

StepResponseRiseTim&(s),

StepResponseFallTima(s),

StepResponsePeakTime_A(S),

StepResponsePeakSetiés),

StepResponseTroughTime_A(Ss),

StepResponseTroughSettle A(s)

and a similar set of DDPs for Channel Bhe following figure illustrags their
definitions.

Output i
Peale Time Peak Settling Time
Max
Overshoot Tolerance Band
—=High Level

Step Height 90% (High Level - Low Level)

Trough Settling Time

10% (High Level - Low Level)

— Low Level Rise Time

Tolerance Band

Fall Time

Undershoot

Min

HI‘ Trough Time Time

Percentage Overshoot is definedMsx-HighLevel)/(HighLevelLowLevel)x100%.
Percentagéndeshoot is defined ad.owLevelMin)/(HighLevelLowLevel)x100%.

Rise Time is the timdor the signalto risefrom 10% of (HighLevelLowLevel) to
90% of (HighLevelLowLevel).
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Fall Time is the time fothe signato fall from 90% of (HighLevelLowLevel) to 10%
of (HighLevelLowLevel).

Peak Time is the time for the signal to rise from 10% of (Highl-eeelLevel) to its
peak value.

Pe& Settling Time is the time for the sign& reach and remain within a given
tolerance band of the HighLevel from 10% of (HighLekelvLevel). The tolerance
used in the software #2% of (HighLevelLowLevel).

Trough Time is the time for the signal @llffrom 90% of (HighLeveLowLevel) to
its trough value.

Trough Settling Time is the time for the signal to reach and remain within a given
tolerance band of the LowLevel from 90% of (HighLelewLevel). The tolerance
used in the software #2% of (HighLevelLowLevel).

HighLevelLowLevel is called step heightFor the step response analysis algorithm

to work properly, the waveform in the Oscilloscope must contain a rising edge, a
falling edge, both a rising edge and a falling edge, or a multipperadds ofthem.

The following figure shows a measurement example. Percentage Overshoot is a
function of damping ratio. It could be usedderivethe damping ratio directlysing

User Defined Data Point (UDDm)troduced later
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A sample panel settin file can be found at:
psiVTDSO\StepResponseSR100MHzsf.
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2.6.2.83.5 Echo

This option is usedb analyze thedatacaptured in the Oscilloscopetelligently and
measure the time delay between emission andescii@any. Together with the signal
gererator function of the software, it can be used as an echo sounder forodepth
distance measurement, orime-domain reflectometerfor cable discontinuity
localization

The data should be longnoughto contain theentire emission and one or multiple
echoes.Normally, the emission should ke shortpulsesuchthat the echoes can be
clearly separated from it in the time domdinshould be noted that the system under
test may alter the emitted waveform along the way and the echo waveform may
becometotally different. One advantage of ¢hpulsemethod is that it does not
require theemissionand the echoes are similar in waveform. However, due to the
short duration of the pulse, tlemergy fed into the systeim limited. As a result, this
method is not &y immune to noisesn some systemshere the linear and nonlinear
distortions are small and thus the emission and echoes have similar waveforms, it is
possible to use a continuous excitation signal with a broadband spectrum, such as
white noise, swepsine, and MLS. In this case, the @ssion and echoes may be
supeimposed together and¢cannot be separated by eyeshe Oscilloscope, buhé

time delay between them can still be accurately measured by the algorithm here. The
advantage of this method isdt it is very immune to noises due to the large energy
pumped into the system.The measured echo times are refleciad DDPs:
EchoTime_A(s) for Channel A, and EchoTime_B(s) for Channét B. possibleto
convert them talepth ordistanceusing User Dehed Data Point (UDDPintroduced

later.

The following screenshot shows an example of the pulse method where the emission
and the echoes are quite similar.
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“ Multi-Instrument Pro 3.9 - [+3DP+DLG+LCR+UDP+VBM+DHS] - WalerDepth.wav - =<Iniel(r) Integrated Audio=>
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The following screenshot shows an example of the pulse method where the emission
and the echaeare not similar.
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The following screenshot shows @xample of the continuous excitationethod
using MLS.

www.virtins.com 152 Copyright ©2006-2025 Virtins Technology




VIRTINS' Multi-Instrument 3.916 Manual NAvirtins Technology
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2.6.2.83.6 Damping Ratio

Damping ratio is a dimensionless reaee describing how oscillations a system
decay after a disturbanck is a system parameter which can vary from undamped (=
0), underdamped (< 1), through critically damped (= 1), to overdamped (1.
measured here using free vibration decay cunvéime domain This methodis
applicable to vibration with single degreof freedom The measuredsalues are
reflected in DDPs: DampingRatioA for Channel A, andDampingRatioB for
Channel Blt is possiblego convert them to Q factday theformula:

[Q factor]= 0.5/ [Damping Ratio]
Another common method to measuhe damping ratio is the scalled halfpower

method It measures thenagnitudefrequency response of the system fiestd then
derives the damping ratio based on the following formula:

[Damping Ratio]U [-3dB Bandwidth] / ([PeakErequency} 2)

In Multi-Instrument, the above formula can be used to define a UDDP for damping
ratio measuremerftor Channel A in frequency domain as follows:

([BandWidthHighLimit_A(Hz)}[BandWidthLowLimit_A(Hz)])/2/[f1Freq_A(Hz)]
The Spectrum Analyzer should be sebsmdwidh measurement mode orderfor

the above formula to workThe half-power methodalthough strictly applicable only
to lightly damped single degree of freedom systesdrequently applied to well
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separated modes of muttegree of freedom systemi$.should be noted thathe
frequency resolutionmust be set fine enough in order to achieve sufficient
measurement accuragythis method.

With the damping ratio and dampedturalfrequency (i.e. peak frequency) measured
the natural frequency of an undampedsystem can be derived fadlows:

[Natural Frequency] = [Damped Natural Frequency}jamping Ratiof)*

Using the above formula to define a UDDP foatural frequency measureméfar
Channel A)in Multi-Instrument we have

[f1Freq_A(Hz)]SQRT(1- POW([DampingRatio_A],2)

The following screenshot shows an impulse response in the Oscilloscope and thus the
magnitudefrequency response in the Spectrumalyzer. It demonstrates that the
damping ratios measured using the free vibration decayoshethd the halpower
method match very welllhe measured Q factor and natural frequency are also shown.

“ Multi-Instrument Pro 3.9 - [+3DP+DLG+LCR+UDP+VBM+DHS] - =<Intel(r) Integrated Audio>
Eile Setting Instrument Window Help
& M Trigger|aute  ~ = —[NIC |samprefasknz — ~|[a ~|[1eBit ~|Point| | Roll Record| Auto
o MEE 0 &y e s ou) - e | J| J| J‘ JP'DhE|x] J‘ J_ uuuuu i
loons MEE

| A(M) ArMax= 998.23 mV Min= -994.81 mV Mean= 159 pV RMS= 1%0.229 mv BY RMS=  190.229% mV

0. 0011

DF |

0.0011

2

D&P 0 (=] @
+19:26:3I1]:Bu4 ' " WAVEFORM s
|, Spectrum Analyzer |z||§”g‘ 4 5 4 7
| Aw@Bn  A:Peak Frequency=  999.9962 Hz Bandwidth=  998.8861 Hz-  1.0011063 kHz .
0
a5 B Na (=] D
-30
45
- Hz
75
20
405 e 4 Damped e Y ] X
120 : ; ; : :
L : - 999,962 B
150 i HE : H H H HE S S R I H I N H Z
10 20 100 200 500 1k 2k 5k 10k 20k

I' ORI Resolution: IJ IJZ‘ZBBBZ‘HZ NORMALIZED AMPLITUDE SPECTRUM

Flase  ~[[x1  -|a[150dB  ~|[off  ~|M|amplitude Spectrum  ~|B| I |FFr\2097152 | wND[Rectangle ~|| |

2.6.2.9 Oscilloscope Y Scale (Setting SubMenu)-@&XYT

www.virtins.com 154 Copyright ©2006-2025 Virtins Technology



VIRTINS' Multi-Instrument 3.9.6 Manual @Virtins Technology

Oscilloscope Properties x

Processing 1 Scale EhartDptions] Reference

AYD Conversion

(¥ Acceleration Init Spgtem Integration Cutoff Frequency [Hz]
™ Welocity &+ 5 Buto - 93.75 -]
" Displacement " Endglish

[ Time Domain Direct Integration

(4 | Cancel |

The options for Y Scale allow waveform conversion among acceleration, velocity and
displacement, when the raw data are acquired from acceleration (engineering units: g

or m/s”2), velocity (engineering unit: m/s or i/s) or displacement (engineering unit: m

or i) sensors. The statistical parameters of them are summarized in the vibrometer
function of the Multimeter. The Oscilloscope in the following figure shows the

velocity waveform obtained by integrating the raw acceleration data over time. A high

pass filter with a very low ceaff frequency (configurable) is used to remove the

errors accumulated during the integration proce$be cutoff frequency for the

AAut o0 option vari es b acredtvaloeisshoweonsha mpl i ng
right hand sideThe high pass filter may cause some unwafitddo un d asost ef f ect
one or bothends of the data. These data are disregarded by the vibrometer and
marked with a cross.
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Both SI and English unit systems are supported. The software will automatically
choose the unit system according to the sensor sensitivity units entered via
[Setting]>[Calibration]>iSensod >fin i t 0 . Manual switching
systems is only allowed when acceleration sensors are used.

Conversion from eceleration to velocity and bsequently from velocity to
displacement requires integration. Twadeigration methods are available: time
domain integration and frequency domain integrati@enerally, frequency domain
integrationshould beemployed It always integratea signal with its DC component
removed first. It is the defaultsettingin the sofware. Under some special casies,
instance, dealing with a shorttime signal with DC and very-low-frequency
componentssuch asa halfsine shock pulseime domain direct iegrationmay be
more appropriate It does not remove DC component firshe high-passfiltering is
only applied after the firdime integration.Wh e n i$i anually entered for
filntegration Cutoff FrequendyHz)o, time domain direct integration will be enforged
and no higkpass filtering will performed

2.6.2.10 Oscillosqme Chart Options (Setting SubMenu) (A&D)
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Oscilloscope Properties >

F'ru:u:essing] Y Scale  Chart Options l Feference
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Cancel

2.6.2.10.1 Chart Type

Five chart types are supported: Line, Scatter, Column, Bar and Step. This function can

also be accessed by double clicking in the area on the top of the plot r&dien.

AColumrd chat has two subtypes: Ovel ap and | nt e Bdroechatt e , whi |
includes three subtypes: Overlap, Interleave, and Overlay. These subtypes control

how the datafrom multiplechannels are superimposed.

2.6.2.10.2 Line Width

Line width can be adjusted frol to 10. The default value is 1.

2.6.2.10.3 Display Mode

There are two ways to display a frame of data:

9 Display all data points
In this mode, all data points will be plotted. When the total number of data points
to be plotted is greater than the tatamber of the horizontal pixels of the plot
region, multiple points may be plotted per vertical raster line. For example, if the
total number of data points to be plotted is 10000 and the horizontal length of the
plot region is 1000 pixels, then 10 pamill be plotted per vertical raster line on
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average.The advantage of this display mode is that you are able to see all peaks
and troughsn the data. However, the screen refresh becomes slow and the data
curve becomes clustered when the total numbdatat points is large.

The following figure illustrates a tesecond sound record with a sampling
frequency of 44100 Hz under this display mode.
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1 Display one data point per vertical raster line
In this mode, one data point is plotted per verticalerane at most Thusthe
screen refreshes very fast even if the total number of data pointptedamteds
very large.There are three methods to determine the vertical Vvialueach
vertical raster linelnterpolation Average and MinMax.

With the Interpolation methodhé vertical valudor each vertical raster lines
interpolatedor uniformly downsampledfrom theoriginal data. The disadvantage
is thatit might miss some characteristio$ the data such as peak valuasd
under someircumstacesgives you a wrong impression that something is wrong
with the waveform. This phenomenon is called screen aliasing

With the Average method, the vertical valigeg each vertical raster linis the
average value of theriginal datathat fall within that vertical raster lindt hasa
similar disadvantagéo the Interpolation method, but it reduces noise along the
curve.

With the MinMax method, the vertical values for every t@amsecutivevertical
raster lines are the minimum and maximum values efatginal data that fall
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within the twovertical raster linesThis approach highlights theertical range of
the original data, showing variability more effecéily thanthe previous two
methods

The following figureshows the same sound record as phevious examplender
this display modevith the Interpolation method

“ws Multi-Instrument Pro 3.0 - ADC1.wav - <SoundMAX Digital Audio= - [Oscilloscope]

Fie Settng Instrument Window el N
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® DmES S E il . L) Gain | Mic 81.2% Probe[1 ~|[1 <00 I

nmmseawm EIMJMcm D.E(215?\‘Rh19-0.mv
ALV B: W= 02055 v 265 W RMS= 0.05745 BV

1.00,
ki)
B0/ DD
=F] 0,40
ox

W W \)‘ Hivevadil lﬂ‘ dy wlhww W%W ittt WMM‘WM”@ ’;ﬂ W}w

00

040 040

~0uED H0LED

-0aEn “0.en

% 10 20 30 40 S50 £0 70 a0 an 0™
patzrase WAVEFORM z

T [105 <=1 | Alay - o ~|[& -] Blav o -]

It should also be noted that Lissajous Pattern View will always display all collected
data points irrespective of the display mode setting.

The software hasnsautomaticdisplay male switching feature. In "Display one data
point per vertical raster line" mode, the software willitch to "Display all data
points” modeinternally when the total number of data points in time domain is less
than twice of the horizontal length of the gl region in the Oscilloscope. In the
Spectrum Analyzer, the software w#witch to "Display all data points" mode
internally when the total number of data points in frequency domain is less than 4
folds of the horizontal length of the plot region. Theethold value in the Spectrum
Analyzer is higher because tdata curven frequency domain tends to change more
abruptly (thus more likely to miss the peak va)uban that in time domain. Note that
the horizontal length of the plot region is increasednltiple times with the
corresponding multiplier. Therefore, you are always able to see all data points if you
zoom in sufficiently irrespective of the display mode you set.

Due to the abovautomaticdisplay mode switching feature, it is recommendeat th
the "Display one data point per vertical raster line" mode be used as the normal setting.
You can switch to "Display all data points" mode manually when necessary.
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By factory default, the Oscilloscop8pectrum Analyzesnd Spectrum 3D Plot aadi
settoi Di spl ay one dat a poi nwithtpheaviinMaxenetihod c a |

2.6.2.10.4 Persistence

Under persistence mode, up to 200 most recent waveforms are kept in the computer
memory. These waveforms can be superimpdsidwn in the oscillosupe view in

three ways as follows. Note thée persistencenode affects the graphic rendering of
these waveforms in the oscilloscope view only and doebawa impact omny other
aspects such as RMS values, spectrum analysis, data storing, etc..

(1) Phosmorescent

The nost recent waveform is drawn in the selected color for that channel, the least
recent waveform is drawn in the background color, and the rest of waveforms are
drawn in colors interpolated betweengbevo according to their ages. This emeka

the phosphor display of a comimnal analog oscilloscope whereby the trace decays
over time.

“ Multi-Instrument Lite 3.3 - =YT DS0-2810=

File Setting Instrument ‘Window Help

& I Trigger [Normal ~|[= -|[up ~|[ 0% —{[ 0% —{[niL ~|Sample[soMHz  -|[a  <[[gBii -|Point20000 | Rl
o mME % W taln % e mfac -flac -[sv ~[[=50v [Probe[1 [ |f——

OCT1 QCT3 OCTE OCT12 OCT24 Moisel  Moisela  THD THDa  IMDsmp  IMDdin IMDecif  CrossThe FRwhite FRswp  BodePlot  THDwf  THD~P

¥ Oscilloscope |Zl |E| |z‘

Ao M= BB Y Mins -B13 Y Mesn= 35 my RMS= SEBS v

x
3

, 0000 oooo
DD RN QiR D D

A Pezk Frequency= 12.00008 MHz

3
FFT E‘uegments<1 Reﬁo\uhor\ 1525.88Hz NDRMAL\ZED AMPLITUDE SPECTRUM

J T |400ps lell]l]l] | A |Aulu | VI M |A2B VI BlOﬁ l l

(2) Rainbow

Waveforms are drawn in ks derived from a predefinediinbow color palette
according to their ages. Unlike tiphosphorescent mode, the tracmesl not decay
over time.
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v Multi-Instrument Lite 3.3 - <VT DS0-2810=
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(3) Equivalent Time Sampling (ETS)

While a spectrum analyzer can analyze a signal correctly as long as the sampling
frequency is at least twice the highest frequency contained in the signal (Nyquist
Sampling Theorem), an oscillos@punder linear interpolation mode (refer to the
next section), normally requires the sampling frequency to be atlédshesthe

signal frequency in order to acquire sufficient samples in one cycle to draw the
waveform in reasonably good shape. ET® loa used to greatly increase the number

of samples per cycle by accumulating samples over many cycles. It is most useful
when the number of samples per cycle acquired usingtine@al sampling is
inadequate. One prerequisite to use ETS is that the sigdat test must be repetitive

and the sampling is properly triggeretihe following two figures show a comparison
between real time sampling and ETS. The first one samples a 12MHz sine wave with
a 50MHz clock in real time sampling mode while the secondsangples the same
signal with a 50MHz clock in ET8ode The latter looks much better.
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“v Multi-Instrument Lite 3.3 - <VT DS0-2810=>

File Setting  Instrument ‘Window Help
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2.6.2.10.5 Interpolation Mode

Interpolation is used when two adgat samples span more thamo pixels in
horizontal direction on the screen. That is, theratikast one pixel in between the

two samples horizontally. Interpolation mode determines the way to connect two
adjacent samples on the screen when plotting a waveform. It affects the rendering of a
waveform on the screen only and does mmie impact omny other aspects such as
RMS values, spectrum analysis, data storing, etc.. Two methods are available: Linear
Interpolation and SINC Interpolation.

(1) Linear Interpolation
Linear interpolation is the most straightforward method. It connects two adjacent
sanples using a straight line on the screen. When the sampling frequency is at least
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5~10 times the signal frequency, linear interpolation can gives reasonably good
waveforms. When the ratio of the sampling frequency to the signal frequency is less
than 5~D (but still higher than 2 as dictated by Nyquist Sampling Theorem, i.e. the
spectral analysis results are still absolutely correct), the waveform plotted using linear
interpolation can be severely distorted. The following example sampl@didz2sine

wave with a 50MHz clock in real time and then renders the waveform using linear
interpolation. The samplinfrequencyto-signatfrequency ratio is 2.5. The waveform

in the oscilloscope looks very distorted.

“Multi-Instrument Pro 3.5 - [+3DP+DLG+LCR+UDP+VBM] - <VT DSO-2810> EEX
File  Setting Instrument ‘Window Help
& Hrigger[ane |2 -Jlup -|[ 0% <[ 0% —I[nmo -[sampiesoMHz  ~[[a | | Poin| - Record| Auto)
® N miE e E ey 20 e mac ~jfac s - |Probe1 L[ -[————
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(2) SINC Interpolation

NyquistShannon Sampling Theam states that an analog signal that has been
sampled can be perfectly reconstructed from the samples if the sampling frequency is
greater than twice of the highest frequency in the original signal. If we know that the
signal is bandimited within the Nyuist frequency (1/2 of the sampling frequency),
then we can use SINC interpolatitreconstruct the original s1gl waveform on the
screen. A samplinrfrequencyto-signatfrequency ratio greater than 2.5 would give
nearly perfect results while a raiio the range of 2.1~2.5 would still give reasonably
good results. Many DAQ devices such as VT DSOs and sound cards are equipped
with anttaliasing filters and satisfy the requirements of Nyg8isannon Sampling
Theorem, SINC interpolation is thus prefelias it produces much better curve fitting
results than linear interpolatiol8INC interpolation is selected by default in the
software.If you want to display signals such as square waves, which ideally
contain frequencies higher than the Nyquist frequeng then deselecting it to
enable linear interpolation will give the square waveforms a better lookwhen

SINC interpolation is appliediSINCO will be displayed at the bottom middle of the
Oscilloscope window. It should be noted that SINC interpolatioraynhavesome
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fiboundary effea within a very short range (less than 32 sammédpth ends of the
waveform.

The following example samples 8MHz sine wave with a 50MHz clock in real time
and then renders the waveform using SINC interpolation. Thelsarippquencyto-
signalfrequency ratio is 2.5. The waveform in the oscilloscope looks nearly perfect.

v Multi-Instrument Pro 3.5 - [+3DP+DLG+LCR+UDP+YBM] - =<VT DSO-2810-

File Setting Instrument ‘Window Help

& W Trigger[ate -4 -|[up ~|[ 0% —|[ 0% —{NRo -|sampleSoMHz  -[a  -|[iGii - |Peint[20000 |7 Hull Record| Auto

e MM YA s s e mfac fac v ~[[=50v |Probe[r o[ - [Fe———

Home: OCcT3 OCTE  OCT1Z  Polarity  MoissL  Moisela THD THDa  IMDsmp IMDdin  IMDeccf  CrossTk FRwhite FRswp  BodePlob  THD~F  THD~P  IMD~P AudioTst

" Dscilloscope
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Flamo  ~[l«1  -Ja[ ~|[o#t  ~|M[amplitude Spectrum  ~[B[on loi - |FFTEFEEIE - |WND [Hanning ~|[ozs_ -

2.6.2.11 Oscilloscope Reference (Setting SubMenu) AR
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Oscilloscope Properties x
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Cancel |

Reference curves are very useful for data comparison. The software allows you to
configure up to 5 reference curves feach channel. Reference curves can be
configured by copying the currently displayed datave from Channel A&r Channel

B, or loading a reference curve file from the hard disk.

Each line in the above figure consisiSthe parameters/controls for one reference
curve. From left to right, they are:

9 Display/Hide Checkox
It is used to display/hide the respective reference curve. If the reference curve
has not been saved to the hard disk, hiding it will clear it fiteencomputer
memory.

1 Color Selection Box
Clicking on it will bring up a color selection window which allows you to
select the color you want for that reference curve.
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1 Legend
The software will automatically assign a textual label for the reference curve,
such as fARef AOO, ARef BOO. You can over

1 File Name
If the reference curve is configured by copying the currently displayed data
curve from Channel A or Channel B and it has not yet been saved to the hard
disk, thenitwilbe named as fAMemory IfAdQudsave i Me mo r
the reference curve to the hard disk, then the saved file name will be displayed
here.

If the reference curve is loaded from the hard disk, then the file name will be
reflected here.

1 File Open
Use ths command to load a reference file from the hard disk.

1 Copy from Channel A
Configure the reference curve by copying the currently displayed data curve
from Channel A.

1 Copy from Channel B
Configure the reference curve by copying the currently displaytd alave
from Channel B.

1 File Save
Use this command to save the reference curve data from the computer memory
to the hard disk.

1 File Edit
Use this command to edit an existing reference file or create a new reference
file.

1 High-High Limit, High Limit, Low Limit, Low-Low Limit, Similarity
If ticked, the reference curves are assigned as the respective limits for the real
time waveform. Whether the waveform breaks these limits and how much is
exceeded can be checked through the respective DDPs:

WaveformComprisonH_A:
0: waveform in Ch. A is normal.
<0: waveform in Ch. A exceeds the High Limit only. The absolute value
indicates how much is exceeded.
>0: waveform in Ch. A exceeds the Highgh Limit. The absolute value
indicates how much is exeded.

WaveformComparisonL_A:
0: waveform in Ch. A is normal.
>0: waveform in Ch. A falls below the Low Limit only. The absolute value
indicates how much is exceeded.

www.virtins.com 16€ Copyright ©2006-2025 Virtins Technology



VIRTINS' Multi-Instrument 3.9.6 Manual @Virtins Technology

<0: waveform in Ch. A falls below the Lelow Limit. The absolute value
indicates how much is exceeded.
Similarly, WaveformComparisonH_B and WaveformComparisonL_B are
used for Ch. B. ASi milarityo functi c
WaveformSimilarity A and WaveformSimilarity B are reserved for future
development.

The refeence file (*.ré) is a Comma Separated Ma (CSV) TXT file with the
following format:

Example:

1, 0.000108441, 0.103241
2, 0.000131117, 0.0823364
e é.

Each row contains the coordinates of a point of the reference curve with three
variables: segential number, X value, and Y value. Minimum two points must be
specified per reference curve.

Some sample files are provided in the REF directory of the software and can be used
as templates.

It is possible tcentera generic X offsetalue anda generic Y offset value for the
reference cun&in each channellwo additional optionsire provided particuldor X

offset: (1) Align to Peak; (2) Align to Troughif selected, eacheference curve will

be shited automatically such that ipgeak or trouf is aligned to that of the captured
waveform These two options are useful when there is only one peak or trough on the
reference curve and the captured waveform.

2.6.2.12 Save Current Panel Setting as Default (Setting SubMenuSRLT

When you std the software at the very first time, system default panel setting set in
the factory will be loaded. You can subsequently change the panel setting to whatever
you want, and then save the panel setting as default via this command. This default
setting wil be loaded at startup next time. You can always go back to the system
default panel setting by clicking [F]le[New] command.

The panel setting here includes the following parameters:

Trigger Parameters

Sampling Parameters
Miscellaneous Parameters
Og<illoscope Parameters
Spectrum Analyzer Parameters
Multimeter Parameters
Spectrum 3D Plot Parameters
Signal Generator Parameters
Data Logger Parameters

=4 =4 -8 -8_-45_9_9_°_-2°
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LCR Meter Parameters

Device Test Plan Parameters

DDP Viewer Parameters

DDP Array Viewer Parameters

DDC Parameters

Screen Layout, including which instrument to be shown and the position of
each instrument on the screen.

= =4 =4 -8 -8 -9

2.6.2.13 Save Current Panel Setting (Setting SubMenu) $&)T

You can save the current panel setting into a Panel Setting File (*$80 this
command. The saved panel setting can be loadadasdr time. This will free you
from re-adjusting the panel setting for a particular type of tests again and again.
2.6.2.14 Load Panel Setting (Setting SubMenu) (&)

You can load a past setting from a previously saved Panel Setting File (*.psf) using

this command. This will free you from-ealjusting the panel setting for a particular
type of tests again and again.

2.6.2.15 Configure Hot Panel Setting Toolbar (Setting SubMenu)-§¥R)T

Hot Panel Setting Toolbar, Configuration @

Mo. Panel Setting File Text on Button Description

1 [psfDciavel pst & | [0CT1 [1/1 Dotave Analysis (Avg. 10) Clear
2 [pshDciavedpst | [0CT3 [1/3 Dotave Analysis (Avg. 10) Claar
3 [psfDciavebipst | [0CTE  [1/6 Dctave Analysis (Avg. 10) Claar
4 |psl\Dctave1 2 psf = |DET1 2 |1 #12 Dctave Analysis (g, 10) Clear
5 [psf\Dctave2d.psf G | [0CTE4 [1/24 Dotave Analysis fAvg. 10) Claar
[ |psl\No\saLeveI.psf = |NDiseL |Noise Level when there iz no input signal [dwa. 10] Clear
7 |psl\Nn\sELeveI_A—WEighling paf = |NniseLa |Nnise Level (A w/eighted] when there iz no input signal [Awg. 10) Clear
2 |psl\THD_FFT32?ES_SH4BUDU_SingIeChanneI.psf = |THD |THD,THD+N,SNH,S|NAD,ND\SE Level, ENOE [4vg. 10) Clear
g |psl\THD_FFTEZ?ES_SH4BUUU_A-Weightimg_S\ngIeChamne\.psl = |THDa |THD,THD+N,SNF|,SINAD,N0\SE Level, EMOE [ wWeighted) [Ava. 101 Clear
10 |psl\\MD_SMPT E_B0Hz(4)_7kHz{1)_FFT32768.pst = |IMDsmp |\MD SMPTE (B0 Hz + 7 kHz, 4:1] [4vg. 10 Clear
11 |psl\\MD_DIN_250Hz[4]_8kHz[1 1_FFT32768 psf = |IMde |\MD DIM [250 Hz + 8 kHz. 4:1] [4vg. 10) Clear
12 |psl\\MD_EEIF2_T SkHz(1)_20kHz[1)_FFT 32768 pst = |IMDccif |\MD CCIF2 19 kHz + 20 kHz, 1:1] [&vg. 10] Clear
13 |psl\Cmssta\kAB_FFT32?88_5FMEDUD.psl = |C|ossT\k |Crossla|k &73B, THD. THD+N. SNR, SINAD. ENOE [Avg. 10 Clear
14 |psl\MagmitudeFraquancyF\ esponse_whitehoize(|nterframedwerage). psf = |FF|whita |Magmtude Frequency Response [Whithe Moise, Ava. 30) Clear
15 |psl\MagmitudeFrEquancyF\ esponze_SweptSine(20~22050Hz,300;)_PeakHold. psf = |FF|swp |Magmtude Frequency Response [Frequency Sweep, Peak Hold forever] Clear
16 |psl\E odePlot_‘WhiteMoise. psf = |BodaPIo\ |Bode Flot [Transter Function, Frequency Responze] [white Moize, Avg. 30) Clear
17 |psl\THD+N_THD_SNH_Magmitude_vs_Flequency.psf = |THD“f |THD, THD+M, SMR. Magnitude Response ve Frequency Plot Clear
18 [psPTHD+M_THD_vs_Magritude_Power.psf @ | [THDF [THD. THD+H vs Magnitude. Fower Flot Clear
18 [psSMPTE_IMD_vs_Magnitud_Pawer.psf & | [MDF  [SMPTE IMD ve Magnitude, Fower Flot Clear
20 |psl\.f-\udiaF'arametel_SH4SDDU_A psf = |Aud\oTsl |Automated Audio Parameter Test Clear
CurentHPST Configuration Fie |3 ScopeMI3.2°ekease \Defauk hps = saveds [ Cancel |

You can configure up to 20 most frequently used panel settings in the Hot Panel
Setting Toolbar so that these settings can be loaded by just a single mouse click on
their respective buttons.

Each line in the above figure defines one button énHbt Panel Setting Toolbar. The
parameters from left to right are:
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 Button No.
The buttons are numbered from 1 to 20 from left to right in the Hot Panel Setting
Toolbar.

1 Panel Setting File
The path and file name of the panel setting file assigned tbutten using the
File Load button below.

1 File Load
It is used to locate the panel setting file to be assigned to the button.

1 Text on Button
The text entered in this edit box will be shown on the button. t€keshould
preferably contail3~5 characterand reflectconcisely the function of the button.

91 Description
The description entered in this edit box will be showm &zoltip when you rest
your mouse cursor on the button.

M1 Clear
It is used to clear the button definition.

You can save the above capfration into a Hot Panel Setting Toolbar configuration
file (*.hps) by clicking thefiSaveAso button at the bottom of the above dialog. You
can load a Hot Panel Setting Toolbar configuration file by clicking the File Open
button a the bottom of the diab. The current Hot Panel Setting Toolbar
configuration file used by the software is also displayed at the bottom.

The Hot Panel Setting Toolbar configuration file (*.hps) is a TXT file which can be
edited directly using Windows Notepad. Direct editafpws the configuration of
some special futtions usually used for software customization. Panel Setting File
field supports the followingredefinedexts for special functions:

STARTSTOP Toggle button | Start / Stop th@©scilloscope

SETTING Push button Different setting windows should bg
developed for different customize
softwareapplications

EXIT Push button Exit the software

HELP Push button Display a help file. The help file shou

be pl aced i n t h
directory. The file name shoulclput in
the Description field.

PRINTSCREEN

Push button

Equivalent to [File]>[Print Screen]

RECORD Togglebutton | Equivalent to the Record button in t
Sampling Parameter Toolbar
MONITOR Toggle button | Monitor the signal captured by tf

selected SoundCdWME ADC device
in the software through the systém
default playback sound cardlt is

Www.virtins.com
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independent of the sampling process
the Oscilloscope.

WAVFILEPLAY Push button Prompt the user to select a WAV file a
play it back through the systémndefault
playback sound card.

SYNCSTART Toggle button | Set the Signal Generator fiSync. No
Loopbaclb mode and start it. Th
Oscilloscope will be set to Sing
Trigger mode and started afterwards.
TIMEDSYNCSTART | Toggle button | SYNCSTART command will be fired &
a reglar interval specified in th
Description field in seconds.

In Pro edition and above, it is possible to change the placement of the Hot Panel
Setting Toolbar: Top, Bottom, Left, Right. It is also possible to change the button
appearanceText (only a text is displayed),Text & Image (both a text anda
predefinedicon are displayed)mage(only a predefinedcon is displayed)Custom
Image (only a customized icon is displayed)hese changes will take effect after
software restart.

Theordinarybuttons forpanelsettingfile loading areall push buttons wheré panel
setting is not lockedotherwisethey are interlocked toggle buttons and only one of
t hem wi | | be i n A dmothisicase, she aded panel sedingyile t i1 me .
name will e indicated in the title bar of the main windoWhen the panel setting is
locked via [Help]>[Lock Panel Setting], treeis no way to modify théoaded panel
settirg, except that you can load another preconfigured panel setting file through
anotherbuttonin the Hot Panel Setting Toolbafhis arrangement is usually used by
users with access right at operator level. Those with engieegraccess right are
normally allowed to modify various settings.

2.6.2.16 Show Hot Panel Setting Toolbar (Setting\g&nu) (ALTSH)

It is a toggle command to show or hide the Hot Panel Setting Toolbar.

2.6.2.17 Change Password (Setting SubMenu) {B:M)

Change Password @

Current Pazsword ||

Mew Pazzwaord |

Mew Pagzward [Caonfirm] |

] | Cancel
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You can change the password for unlocking the panel setting here. No password is set
initially. If you wantto add a password, you can leave the Current Password field
empty and enter and confirm the new password. For changing the existing password,
you need to enter the current passwamdter and confirm the new password. To
delete the password, just enter therent password and leave the New Password and
New Password (Confirm) fields empty.

2.6.3 Instrument SubMenu

Instrument = Window Help
RUMN Enter
~  Oscilloscope ‘
~  Spectrum Analyzer
Multirneter ‘
Spectrum 3D Plot
Signal Generator
Device Test Plan
Data Logger
Derived Data Point Viewer

Derived Data Curve

This submenu provides access to openinglosing each individual instrument
provided.

2.6.3.1 Run (Instrument SubMenu) (AR, CTRER or Enter)

This command will toggle between Run and Stop for data acquisition. The command

is also available through the butt ® in the Instrument Toolbar. The color of the

button will toggle between red and green to indicate "Stop" and "Run" status.

2.6.3.2 Oscilloscope (Instrument SubMenu) (AtQD)

This command will toggle between Open and Close for the Oscilloscope. The

command is also available through the bu_=—_ in the Instrument Toolbar.

2.6.3.3 Spectrum Analyzer (Instrument SubMenu) {ARY

This command will toggle between Open and Close for the Spectrum Analyzer. The

command is also available through the bu_=—_in the Instrument Toolbar.

2.6.3.4 Multimeter (Instrument SubMenu) (Al-W)

This command will toggle between Open and €ldsr the Multimeter. The
command is also available through the bulllin the Instrument Toolbar.
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2.6.3.5 Spectrum 3D Plot (Instrument SubMenu) (MDY

This command will toggle between Open and Close for the Spectrum 3D Plot. The
command is alsovailable through the buttc in the Instrument Toolbar.

2.6.3.6 Signal Generator (Instrument SubMenu) AMQ)

This command will toggle between Open and Close for the Signal Generator. The

gyl

command is also available through the bu_2*in the Instrumat Toolbar.

2.6.3.7 Device Test Plan (Instrument SubMenu) (AE)

This command will toggle between Open and Close for the Device Test Plan. The
out

command is also available through the bus=mn the Instrument Toolbar.

2.6.3.8 Data Logger (InstrumeBubMenu) (ALT-L)

This command will launch a Data Logger window. Up to 8 Data Logger windows

can be opened. The command is also available through the -=itothe Instrument
Toolbar.

2.6.3.9Derived Data PoinViewer (Instrument SubMenu) (AlLV)

This command will launch a DDP viewer window. Up2é DDP viewer windows

can be opened. The command is also available through the |'& tion the
Instrument Toolbar.

2.6.3.10 Derived Data Curve (Instrument SubMenu) ¢AC)

This command will laurft a DDC window. Up to 8 DDC windows can be opened.
The command is also available through the buEHim the Instrument Toolbar.

2.6.4 Window SubMenu

Window Help

LCazcade
Tile Honzontally
Tile Yertically

1 Ozcillozcope
v 2 Spectum Analyzer

The Window submenu provides the access to window arrangement functions.
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2.6.4.1 Cascade (Window@enu) (ALFTW-C)

This command will cascade the opened views dialog boxes

2.6.4.2 Tile Horizontally (Window SubMenu) (AIAFH)

This command will tile the opened viewad dialog boxes horizontallyFor example,
if both the Oscilloscope antthe Spectrum Analyzer are opened, théhis command
will make each of thertake up half of the screen in vertical direction.

2.6.4.3 Tile Vertically (Window SubMenu) (AAFV)

This command will tile the opened viewsd dialog boxes verticallyFor example,fi
both the Oscilloscope and Spectrum Analyzer are opened, theocothimand will
makeeachof themtake up half of the screen in horizontal direction.

2.6.5 Help SubMenu

Help
Lock Panel Setting
Help Topics F1
Software Manual

Hardware Manual

About...

The Help SubMenu provides access to the help function and software version and
license information. It also provides the function for locking/unlocking the panel
setting.

2.6.5.1 Lock Panel Setting (Help SubMenu) (Al-L or Ctrl-K)

This command will toggle between lanl and unbdking panel setting. If the panel
setting is lockedthen only the following operations are allowed by the software:

Access to the Help SubMenu

Run/ Stop the Oscilloscope and the Signal Generator.

Load a panel setting file vaabutton in the Hot Panel Setting Toolbar

Save afile

Invert Input Signal, Chanel A Zeroing, Channel B Zeroing, Windows Recording
Control, Windows Volume Control, Waveform Play, Waveform Cyclic Play

= =4 =8 -8 9

You can add a password for unlocking the panel setting via [Setting]>[Change
Password], to allow only authorized perstém unlock tle panel setting if it has been
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|l ocked. The software wil/|l start as | ocked
via [Setting]>[Display].

You can establish two levels of operation of the software by combining the lock panel
setting function with ta Hot Panel Setting Toolbar. The two levels are: Engineer
Level and Operator Level. The engineers will be given the password to unlock the
panel setting, and they are able to access all functions provided by the software. The
engineers should assign theduently used panel setting files to the Hot Panel Setting
Toolbar so that the operators can load them when the panel setting is locked.

2.6.5.2 Help Topics (Help SubMenu) (AHTH or F1)

This command will open the Help window. You can use the Cofit@nt Index Tab
or Search Tab to locate the help topic you want.

2.6.5.3Softvare Manual (Help SubMenu) (ALH-S)

This command will open theoftwaremanual

2.6.54 Hareware Manual (Help SubMenu) (AIH-M)

This command will open the hardware manuahef ADC device. If the ADC device

is not a VT hardwardevicebut the DAC device is, then the hardware manual of the
DAC device will be opened instead. If both the ADC and DAC devices are not a VT
hardwaredevice then this option will grey out.

2.6.5.5Application Notes and Videos (Help SubMenu) (Al-N)

This command will open the Application Notes and Videos page on the official
website of the software.

2.6.5.6 Check foBoftwareUpdates (Help SubMenu) (AtH-U)

This commandwill check online to se if a new software version is awale for
download If yes, it will prompt youfor confirmation for download.

After download, you will need to install the software by yourself with the admin right.
If the software is installed into the same directofyan old installation without
performing uninstallation first, the old configuration such as the color scheme and
calibration data, etc. will be inherited.lt is also possible for a brantew
installation to inherit an old configuration if the oldnéiguration file Scins.cfg
before uninstallationis kept and renamed to Scins.cfg.old and plaseder the new
installation directory before the very first rahthe new version

2.6.57 About (Help SubMenu) (ALH-A)

This command will open the Abowvindow which displays thesersions of the
software firmware and driver as well @iselicense information.
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2.7 Cursor Reader and Markers

2.7.1 Cursor Reader

“w Multi-lnstrument Pro 3.0 - <SoundMAX Digital Audio » - [Oscilloscope]

L File Setting Instrument Window Helo _ &l x
& | & Tigger[aue  ~|[n -[up ][ 09 [ 0% —{sample[aa10onz  ~|[azB ~|[16Bit ~|Point[14 10
& [ MEE B 7 A e wold > - Gain| Mic17.2%with Boost Prabe[1 -|[1 |00
A Mo 055553 V' Mn=0.85354 V Mean= 000000 v RMS= ON0007 V
AV) B: Mg 095084V Mne-0.99034 V Mean= 000000 V' RMS= 030707 V Bv)
200, ; ; W=D T=2 Edfﬂn’.‘ﬂ L'-!:QRQMM"{' VE=ESE £ i VE:\I‘Q=._'{1?37 L 200
i
180 B
120~ 1.20

120 Lizo
160 : 180
Mg 10 z0 £ a0 50 80 70 20 a0 wi”
HATArATERR WAVEFORM [
< »

[ T[is cljx00 -] als2v ~llof  -lls | Bla2v ~llott

The cursor reader is shown when you left click and hold anywhere within the plot
region of aview. It will stick to the actual measurement point nearest to the cursor in
the horizontal direction and show its Xdal readings for both channels the top
region of the view. The cursor reader moves with the cursor and remains active until
the leftmouse button is released.

In Lissajous Pattern display, the cursor reader will show the X and Y readings at
exactly the cursor position and will not stick to the actual measurement point.

2.7.2 Marker
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" Multi-Instrument Pro 3.0 - <SoundMAX Digital Audio > - [Oscilloscope] e
Eile  Getting [nstrument Window Help - &8 %

= & Tliggrl|.ﬂ.u|n j| J| Jl :I :ISxmplzl-ll-IﬁDl]Hz j|MB j|1EB|tanint| J
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2% 17 200 FED 300 EET) am am 500 3m 505
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Maximum two markers can be placed in the plgioe of a view.

Double clicking the left mouse button anywhere within the plot region will place a
marker on the screen at the actual measurement point nearest to the position of mouse
click in the horizontal direction. Left double clicking places a mafke the left

vertical axis while CTRLLeft double clicking places a marker for the right vertical

axis. No marker will be placed if there is no corresponding vertical axis.

The second marker can be placed by Steft double clicking or ShiFCTRL-Left
double clicking.

Clicking anywhere outside the plot region in the view will remove all markers placed
previously.

The horizontal and vertical readings of a marker will be displayede top region of
the view. If two markers are placed, the readirfietBnce beteen them will also be
shown

2.7.3 Combined Use of Marker and Cursor Reader

You can place a marker as a fixed reference point and then use the cursor reader to
read out the difference between the cursor and the reference point as thenowesor

This is very useful, for example, when you want to measure the pulse width, the rise
time orthefall time.
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2.8 Maximum, Minimum, Mean and RMS Values

The Oscilloscope will display the Maximum, Minimum, Mean and RMS adfe
each frame of datalhese parameters can also be accessed through the following
DDPs: Max_A(EU), Min_A(EU), Mean_A(EU) RMS_A(EU) for Channel A and
Max_B(EU), Min_B(EU), Mean B(EU), RMS_B(EU) for Channel B.

2.9 Time Stamp

The time stamp displayed at the lower left cornethef®scilloscope view represents

the time (withan accuracyof 1 millisecond) of the first data point (i.¢éhe leftmost

data point) dthe current frame of datén most cases, the two channels of data are
sampled at the same time and thus only one tiamagsis displayed. However, there

are cases whereby Channel A is used for live input and Channel B is fed by the Signal
Generator directly at software level (refer to the manual of the Signal Generator). In
these cases, the time stamp for Channel A wiltlisplayed and on its right hand side,

the time difference between Channel A and Channel B will also be displayednwith
accuracy of one sampling interval between the raw data. A negative value of the time
difference means that the data of Channel Besrearlier than that of Channel A.

2.10 Trigger Marker

&7 T
216
B2
0.2

S

Two markers will be displayed in the oscilloscope view to reflect the trigger
parameters. One marker will be displayed on the left vertical axis to reflect the current
Trigger Level (by the locan of the marker on the vertical axis), Trigger Edge (by
the arrow direction of the marker) and Trigger Source (by the color of the marker).
The other marker will be displayed on the horizontal axis on the top to reflect the
Trigger Delay (by the locationf the marker on the horizontal axis) as well as the
Trigger Source (by the color of the marker). Oalgegative Trigger Delay (i.e. pre
trigger) can be displayed. The trigger positema waveforntan be foundased on
thesetwo markers.

These markerare displayed only in one type of view: waveform display of Channel
A and Channel B. They wil |l not be displ ay:

When the triggetevel markeris shown, if yourestthe cursor on it, the cursor will

change from the Wiralvs default one {ﬂ“p If you then press down and hold the
left mouse button, you can adjust the §eg Level by moving thenarker You can
adjust the Trigger Delay in a similar wagome ADC hardware devices support ALT
trigger mode Under ALT triggermode, the trigger leveifor Channel Bcan be
adjustedby moving thetriggerlevel marker on the right vertical axis.
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2.11 DAQ Progress Bar

u_ 18 = 60 = 0 Measuring 35 = |60 = O Recording 16.1 s |60 =

A DAQ progress bar will be displayed at the lower left corner of the Oscilloscope
view under either of the fallving conditions:

i The Oscilloscope is started monRecord mode and the specified trigger
condition has not been met for at least 5 seconds.

1 The Oscilloscope is started in Record mode.

Black color is used to fill up the progress bar when no triggent has been found,

the time elapsed since the start of the Oscilloscope will be displayed. The progress bar
will resets and changes to green color after a trigger event is found in the returned
DAQ buffer, the time elapsed since then will be display@tie DAQ progress bar

will be hidden again after a frame of data is collected, analyzed and displayed.

2.12 Record Mode

There are two ways to enter into the Record Mode:

T Press the above ARecordo button in the Sa
i Seleci Recordo in the Sweep Time combo box a
the Oscilloscope.

Under the Record Mode, raw ADC data will be written into the hard disk
continuously in WAV file format. Meanwhile, data analysis and display will still be
performedin order to keep the screen updated in real time. Priority is given to the
former process in order to try the best to ensure uninterrupted data recording.
Whether the recorded data are continuous (i.e. the adjacent frames of data are
connected smoothlwithout missing any data in between) or not depends on whether
the ADC hardware supports continuous streaming, the system throughput, sampling
frequency, bit resolution, number of sampling channels, etc. It is generally possible to
record signals continusly without any interruption using sound cards. For VT DSOs
using USB2.0, thelata ratdimit would be a sampling rate of 10~20MHzp&s and

single channel. Beyond this limit, discontinuity may occur. When the recorded data
are continuous, the DAQ prog® bar at the bottom left corner of the Oscilloscope
window will be filled with green color.Once a discontinuityis detectedred color

will be used instead

0] ZEET S J540s 0] || 16.0s J60s

(Becorded data are continuous) (Recorded data are not continuous)
(Discontinuty 15 indicated by red color)
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The sweep tim¢for screen refresh purpose only)der this mode is defaulted 100

ms (forthe case of a sound card) and is atdjble via [Setting]>[Display]*Record
Modé'>"Frame WidtH. The recorddurationis st via [Setting]>[Display]®Record
Moded>0Duratioro. By default, the Duration is set to zermeaning that the
recording process wilstop autoratically only after 2 gigabytes of data have been
recorded The recording process cafsobe stopped manually by pressing the Run
Stop button in thénstrument Toolbaor the Record button in the Sampling Parameter
Toolbar You can specify alurationvalue greater than zerso that the recording
processwill stop automatically according to iOnly Auto Trigger Mode and Normal
Trigger Mode are allowed under ethRecord mode. Sampling parameters are
prevented from being changed during the rdotwy process by the software. Upon
finishing recording, the recorded file will be opened automatically by the software in
oneframe mode if the length of the data is not too long, or in fraypgame mode
otherwise. It may taka little whileif the file is big.

If you start recording without opening a file (in this case, no file name will be
displayed in the title bar of the main window of #wftwarg, then the sibware will
automaticallyusei R e ¢ o r da% thevfdevnaméor this record. If you rep the

recording process by stopping and starting the recording again and again, then the file
name wil |l be incremented each ti me, e. g.
name incrementing process will restart only if you restart the program.

If you stat recording on an opened file which does not have a file name as
ARecordxxx. wavao, then the original file wi
the file name will not change even if you repeat the recording process.

If [Setting]>[Display]>0RecordModed>0No Auto Stop is ticked, then the recording
process can only be stopped manually. One WAV file will be recaadeaimatically

per Record Duratigror 2G byteédata if the duration is 0. The WAV file naswill

be assigned automatically based amtime stamp of the first sample in the file in the
format of YYYY -MM-DD-HH-MM-SSXXX.wav, with date and time in accuracy of
milliseconds.This function can be used to log the raw data continuously as long as the
storage space is allowed.

2.13 Roll Mode
™ Roll

Roll Mode is activated byt i c ki ng t h e chekbaxineghe Bdnpling ©
Parameter Toolbar. Under this mode, the Oscilloscope frame is split into many
segments with the length of each segment equal to the Roll Width, which is set via
[Setting]>[Disg ay] > ARol | Modeo>fiRol | Wi dt ho. The
the case of a sound card) by default. Under the Roll Mode, the size of data acquisition

is based on the Roll Width rather than the Record Length per sweep. The data
displayed in the Oscillscope view will shift left at a step of one Roll Width each time

when a new segment of data arrivéBhe newly arrived data will be shown in the

right most portion of the grapl.ou can consider using Roll Mode if teeveep time

is too long (e.g. greateéhan 1 s) to avoid long time waiting for screen update. You
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must use Roll Mode (if it is available) when the Record Length per sweep is greater
than the size of the ADC hardware buffer.

The Roll Modecheckboxis enabled when the Record Length per swieegt least
four timesas long ashe Roll Width.

Under the Roll Mode, whether the acquired data are continuous (i.e. the adjacent
segments of data are connected smoothly without missing any data in between) or not
depends on whether the ADC hardware sufgpcontinuous streaming, the system
throughput, sampling frequency, bit resolution, number of sampling channels, etc.

2.14 Sampling Parameter Auto Setting
Auto

Whena periodicsignal is connected, you can let the softwarautmmaticallychoose

prope sampling parameters such as Sweep Time and ADC Range by clicking the
above AAutoodo button in the Sampling Param
change any sampling parameters during this auto setting process. The auto setting
process will be stoppeditomatically after the proper sampling parameters are found

for the signal under test or timeoBome detailed functions of this button can be

configured via [Setting]>[ADC DevicefiAuto Rangin@ andfAuto Button for Auto

Ranging only. Please refer to éhrespective sections introduced previously.

2.15 Magnifying Glass

The magnifying glass will show up when you put the cursor on the outer side of an
axis, if the axis has a multiplier associated with it. The magnifying glass has three
states:

+
:"-: Only zoom in is available.
+Q- . o
: Both zoom in and zoom out is available.

:"'u : Only zoom out is available.

Pressing the left mouse button will zoom in one step and pressing the right mouse
button will zoom out one stepZoom in/ out can also be performed usirge tmouse
wheel. Mouse wheel, SHIFT + mouse wheel, CTRL + mouse wheel can be used to
zoom in/ out X, A, B axs respectively. Mouse wheel down & scroll, SHIFT +
mouse wheel down & scroll, CTRL + mouse wheel down & scroll will return X, A, B
axes to theirdefault values respectively.
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2.16 Context Menu

Oscilloscope Processing...
Oscilloscope Y Scale...
Oscilloscope Chart Options...

Oscilloscope Reference...

Oscilloscope Copy As Bitmap
Oscilloscope Copy As Text

Oscilloscope AutoScaling
Oscilloscope Separate Display
Oscilloscope Merge Display
Display Ch.A Only

Display Ch.BE Only

Display All

Spectrum Analysis on Selection
Extract Selection to File

Oscilloscope Export...
Oscilloscope Print...

Oscilloscope Print Preview

The above context menu will be shown when right clicking anywhere within the
Oscilloscope view. It provides additional convenience to you. All menu items in the
context menu can also be found in theim@enu of the Osciliscope, except the
following items:

1 Copy As Bitmap
It is similar to the Oscilloscope Export (as Bitmap) function. Instead of saving the
bitmap image of the oscilloscope view to the hard disk, it copies the image to the
clipboard whith can be subsequently pasted out into other programs such as
Microsoft Word.

1 Copy As Text
It is similar to the Oscilloscope Export (as Text) function. Instead of saving the
texts of the oscilloscope data to the hard disk, it copies the data to theadlipb
which can be subsequently pasted out into other programs such as Microsoft Excel.
Note the data in the clipboard is Tab separated instead of comma separated.

1 AutoScaling

It adjusts the vertical display scales based on the peak values in thedsaiaal
frame

1 Separate Display

It separates the display Channel Afrom that of Channel B vertically
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1 Merge Display
It superimposethe displag of Channel Aand Channel B

1 Display Ch. A Only
It will display Ch. A only antiide other channels all views

91 Display Ch. B Only
It will display Ch. B only andide other channels in all views

91 Display All
It will display all channels in all views

1 Spectrum Analysis on Selection
This menu item will be enabled when two markers have beaceglon the
acquiredwaveforns. It will display the spedrof the wavéorms between the two
markersin one (single channel) or two (dual channels) Derived Data Curve (DDC)
windows

1 Extract Selection to File
This menu item will be enabled when two maskéave been placed on the

acquired wavefors It can be used to extract the waveferbetween the two
markers angavethemas a separate WAV fil&ia [File]>[Extract].
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3 Spectrum Analyzer

3.1 Overview

“w Multi-lnstrument Pro 3.1 - [+3DP+DLG+LCR-UDP+¥BM] - =SoundMAX Digital Audio> - [Spectrum Analyzer]
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This is a dual channel Spectrum Analyzegviding seven types of views:

T
il
il
T
il
T

1

Real time Amplitude Spectrumi Power Spectrum Density / Impedance

Spectrum
Real time Phase Spectrum

Real time Auto Correlation Functidhinear or Circular)
Real time Cross Correlation Functiofiinear or Circulay Original or

Generalizell

Real time CoherendeNon-Coherencé-unction
Real time Transfer Function (Bode Rl&requency Responser Gain and
Phase Plot) Impedance Analyzer

Real time Impulse Response

with adjustable FFT size ranging from 128 to 4194304, adjlestaindow overlap

percentage (0%~9%%), and 69 selectable window functions suds Rectangle,
Triangle, Hann Hamming, Blackman, Kaiseand so on It supports display in
logarithmic scalefor both X axis and Y axigdBr, dBV, dBu, dBFS, dB), octave
analysis (1/1, 1/3, 1/6, 1/12, 1/24, 1/48, 1/96), frequency compensation, frequency
weighting (Flat, A weighting, B weighting, C weighting, TR 468 weighting),

moving average smoothin@linear or 1/1/~1/96 octave)DC removal, peak hold,
linear average, expential averagec r oss power spectrum
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correlationaveragé )and parameter measurements (THD, THD+N, SINAD, SNR,
Noise Level, IMDSMPTE/DIN, IMD-CCIF2, IMD-CCIF3, DIM, Crosstalk,
Bandwidth, Harmonics, Peaks, Energy in user definequéecy bandsWow &
Flutter, Sound Loudnes& SharpnessTotal NonCoherent Distortion+ Noise
GedLee Metric, Total Distortion + Nois&loise Rating & Noise CriterignSound
Intensity), etc.

The Spectrum Analyzer shares the same Trigger Parameters,ir@patameters
and Miscellaneous Parameters with the Oscilloscope. Please refer to the relevant
sections in the Oscilloscope for details.

3.2 View Parameters
View parameters determine how the collected data are analyzed and displayed.

e
Phase Spectrum

Auto Correlation
Cross Correlation
Coherence Function
Transfer Function
Impulse Hesponse

Flaso  ~|[«1 ~|aj ~|lofi  -|[amplitude Spectrum  ~[B1 ~|loff ~||FFT[32768  ~|WND [Hanning ~llow -

There are sevetypes of views in the Spectrum Analyzer:

Amplitude Spectrum
Phase Spectm
Auto-Correlation
CrossCorrelation
Coherence
Transfer Function
Impulse Response

= =4 =4 -8 _-48_-9_-°

Spectrum Analyzer generates many DDIFsr a complete list aheseDDPs, please
refer to Sectior®.2.1.

3.21 View Parameters for Amplitude Spectrum Display

Flawo  ~|x1 ~|afa ~|loti  ~|M|amplitude Spectrum  ~|B[1 ~|loti  ~|FFTj1024  ~|wND [Hanning - |

Selecting Amplitude Spectrum in ttebove ViewType selection boswitchesthe
Spectrum Analyzeto amplitude spectrumdisplaymode which showsthe amplitude
vs frequency graph of the measdsignal. It can also be used &how impedance vs
frequency graph This will be described later.

The following figure illustrates the amplitude spectrum of a 1 kHz square wave with
X axis inlinear scale and Y axis in normalized linemale.lt shows that a square
wave consists of a fundamental frequency andhfinite number of odd harmonics,
each of which has an amplitude equal tN df that of the fundamental frequency,
whereN is the order of the harmonic
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The following figure illustrateshie 1/6 octavemplitude spectrum of aDEms stereo
pop songreplayed and thenapturedby a sound card The X axis is in 1/6 octave
scale and the Y axis is in dBV scale.
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3.21.1 Frequency Range (F)
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36 options are available for Frequency Range (lkey are: Auto, 1Hz, 2Hz, 5Hz,
10Hz, 20Hz, 50Hz, 100Hz, 200Hz, 500Hz, 1kHz, 2kHz, 5kHz, 10kHz, 20kHz, 25kHz,
50kHz, 100kHz, 200kHz, 500kHz, 1MHz, 2MHz, 5MHz, 10MHz, 20MHz, 50MHz,
100MHz, 200MHz, 500MHz, 1GHz, 2GHz, 5GHz, 10GHz, 20GHz, 50GHz, 100GHz.

When "Auto" is selected, the Frequency Range will be set automatically by the
software based on the following formula:

Frequency Range = the nearest integer thatequal to orgreater than 1/2 of
[Sampling Frequency]

An important principle in digital sigal processing is the "NyquiSthannon Sampling
Theorem" which states that an analog signal that has been sampled can be perfectly
reconstructed from the samples if the sampling frequency is greater than twice of the
highest frequency in the original signdhis means that if you wish to measure a
3,000 Hz signal, the sampling rate must be greater than 6,000 Hz, otherwise aliasing
will occur.

In Amplitude Spectrum Display, the horizontal axis can be displayetingar,

logarithmic, 1/11/3, 1/6, 1/121/24, 1/48, or 1/96 octave scale, which can be selected
via [Setting]>[Spectrum Analyzer X Scale].

3.21.2 Frequency Multiplier
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The Frequency Multiplier is the zooming factor for the horizontal axis. ThereGare 1
options available: x1, x2, x5, x102&, x50, x100, x200, x500, x1Q0000,%x5000,
x10000,x20000,x50000,x100000

When "x1" is selected, the full Frequency Range is displayed over the width of the
view.

If you change the Frequency Multiplier to "xN" which is greater than 1, then ddly 1/
of the full Frequency Rangeill be displayed over the width of the view, with a
horizontal scrollbar at the bottom which allows you to scroll over the full range of the
Frequency.

This multiplier can also be adjusted via the magnifying glass whichbeihown if
you put themousecursor just below the horizontal axis.

3.2.13 Channel A Display Range

In Amplitude Spectrum Display, there are two modes for the vertical axis, which can
be selected via [Setting]>[Spectrum Analyzer Y Scale]:

3.2.1.3.1Absolute Display Mode

The vertical axis is scaled in engineering unit. All data points are plotted based on
their abslute values, in Yms, dBV, dBu, dB, or dBFS. Note that by definition, the
reference wltages for dBV and dBu are Irivis and 0.775 Vrms spectively. 1 dBu

in amplitude spectrum is equivalent to 1 dBm in power spectrum when the load is 600
ohms. The reference levels for dB for both channels are user definable. For example,
you can calibrate them to sound pressure level. Please refer gectien for 0dB
Reference Vr described previously. The reference voltage for dBFS ADi@eull -

scale voltage (1/2 Vpp)More detailed explanation will be given later in the section

for Spectrum Analyzer Y Scale

3.2.1.3.11 Linear Scale
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For linear scale such asris, the available Display Range options are: Off, Auto,
1pV, 2pV, 5pV, 10pV, 20pV, 500V, 10QV, 20QV, 500V, 1nV, 2nV, 5nv, 101V,
20nv, 50rv, 100rv, 2001V, 500nV/, 1wV, 2WV, 5uv, 10wV, 20W/, 50V, 100wV,
200V, 500, 1mv, 2mv, 5mv, 10mv, 20nV, 50nv, 100nV, 200NV, 500nV,

1V, 2V, 5v, 10v, 20V, 50v, 100v, 200v, 500V, 1KV, 2kV, 5kV, 10KV, 20KV, 50KV,
100Kkv, 200K/, 500K/, 1MV, 2MV, 5MV, 10MV, 20MV, 50MV, 100MV, 200MWV,
500MV, 1GV, 2GV, 5GV, 10GV, 20GV, 50GV, 100GV, 200GV, 500GWote that

the engineering unit of the above options is determined by the engineering unit of the
sensor for Channel A, which can be set via [Setting] > [Calibratiotpensot >
"Unit". For example, if the unit is "g" instead of "V", then the unit in all the above
options will be changed to "g".

When "Off" is selected, the data in Channel A will not be displayed. When "Auto" is
selected, the Display Range for Channel A will be set automatically by the software
based on the following formula:

Display Range = the ragest integer that i®qual to orgreater than the value of
[ADC Range] / [Sensor Sensitivity]

where the sensor sensitivity is set via [Setting] > [Calibration]Sensor >
"Sensitivity.

3.2.1.3.1.2 Logarithmic Scale
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For logarithmic scale such d8V, the available Display Range options dréB, 2dB,

5dB, 10dB,15dB, 20dB, 25dB, 30dB, 35dB, 40dB, 45dB0dB, 60dB, 70dB, 80dB,
90dB,100dB,120dB,150dB,180dB,200dB 250dB, 300dB, 350dB, 400dB, 450dB,
500dB Note that the HewvauekprdesentS entyadhe spanaoh s
the axis, the upper limit of the axis is determined by the ADC Range as well as the
Sensor Sensitivity and the lower limit is equal to [Upper Limi][Span]. A Display
Range value without the bracket< > 0 r egrrangedrern@ the Display Range
value, which is the case for dBFS.

When "Off" is selected, the data in Channel A will not be displayed.

3.2.1.32 Relative Display Mode

The vertical axis is scaled in relative vaduia either linear or dBr (logatitnic) scale.
All data points are plotted based onithelative valus with regard to the maximum

value(or the value aa specified frequencyin the current measurement.

3.2.1.3.21 Linear Scale

In this mode, the vertical axis ranges from O tolere 1 corresponds to the highest
absolute vertical value in the measurement.

When "Off" is selected, the data in Channel A will not be displayed.
3.2.1.3.22 Logarithmic Scale (dBr)

(1) 0dB referenc®'r = Peak
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In this mode, the vertical axis rangem O to the Display Range value selected,
where 0 dB corresponds to the highest absolute vertical value in the measurement.

(2) 0dB referenc¥'r at a specified frequency

off
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_|+500dB
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In this mode, the vertical axioverszt [Display Range valdeselected, wher® dB
corresponds to thmeasured value at the specified frequency

When "Off" is selected, the data in Channel A will not be displayed.

3.21.4 Channel A Multiplier
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The Multiplier for Channel A is the zooming factor for A axis. There are 9 options
available:Off, x1, x2, x5, x10, x20, x50, x100, x200.

When "Off" is selected, the full Display Range for Channel A is displayed over the
height of the View.

When "x1" is selected, initially the full range is displayed over the height of the view
with a vertical scroll bar on the left of the view. You can use the scroll bar to move
the data curve for Channel A up and down.

If you change the multiplier to "xN" which is greater than 1, then only 1/N of the full
range is displayed over the height of the viewith a vertical scrollbar on the left of
the view. You can use the scroll bar to scroll over the full Display Range.

This multiplier can also be adjusted via the magnifying glass which will be shown if
you put themousecursor on the left side of A axis

3.21.5 Channel B Display Range
For single channel measurement, this control is disabled.
3.2.15.1 Absolute Display Mode

3.2.15.11 Linear Scale
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For linear scale such as Vrms, the available Display Range options are: Off, Auto,
1pV, 2pV, 5oV, 10pV, 200V, 50V, 10QV, 20V, 50V, 1nV, 2nV, 5nv, 101V,

20nv, 50rv, 100rv, 2001V, 500nV/, 1wV, 2wV, 5uv, 10wV, 20W/, 50V, 100wV,
200V, 500V, 1mv, 2mv, 5mv, 10mv, 20V, 50nv, 100nV, 200NV, 500nV,

1V, 2V, 5v, 10v, 20V, 50v, 100v, 200¢, 500V, 1KV, 2kV, 5kV, 10KV, 20KV, 50K/,
100kv, 200K/, 500K/, 1MV, 2MV, 5MV, 10MV, 20MV, 50MV, 100MV, 200WV,
500MV, 1GV, 2GV, 5GV, 10GV, 20GV, 50GV, 100GV, 200GV, 500GV. Note that

the engineering unit of the above options is determined by the engineering unit of the
sensoifor Channel B, which can be set via [Setting]>[CalibratidSlensot>"Unit".

For example, if the unit ig" instead of'V", then the unit in all the above options
will be changed tdg".

When "Off" is selected, the data in Channel B will not be display¢hen "Auto” is
selected, the Display Range for Channel B will be set automatically by the software
based on the following formula:

Display Range = the nearest integer thaetpual to orgreater than the value of
[ADC Range] / [Sensor Sensitivity]

where the sensor sensitivity is set via [Setting]>[Calibratib&gnsot>"Sensitivity'.

3.2.1.5.1.2 Logarithmic Scale
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For logarithmic scale such as dBV, the available Display Range optiorisiBr&dB,

5dB, 10dB, 15dB, 20dB, 25dB, 30dB, 35dB, 40dB, 4B, 50dB, 60dB, 70dB, 80dB,
90dB,100dB,120dB,150dB,180dB,200dB 250dB 300dB 350dB 400dB 450dB
500dB Note that the bracket fA<>0 means
the axis, the upper limit of the axis is determinedtsy ADC Ranges well as the
Sensor Sensitivity and the lower limit is equal to [Upper Limi][Span]. A Display
Range value without the bracket i<>0
Range value, which is the case for dBFS.

When "Off" is selected, the dain Channel B will not be displayed.
3.2.15.2 Relative Display Mode
The vertical axis is scaled in relative vaduie either linear or dBr (logarithmic) scale.

All data points are plotted based onithelative valus with regard to the maximum
value(or the value at a specified frequengy}he current measurement.

3.2.15.21 Linear Scale

In this mode, the vertical axis ranges from 0 to 1 where 1 corresponds to the highest
absolute vertical value in the measurement.

When "Off" is selectedhie data in Channel B will not be displayed.

3.2.1.5.22 Logarithmic Scale (dBr)

(1) 0OdB referenc®r = Peak
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In this mode, the vertical axis ranges from O to the Display Range value selected,
where 0 dB corresponds to the highest absolute vertiaz walthe measurement.

(2) 0dB referenc¥'r at a specified frequency
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In this mode, the vertical axoverst [Display Range valjeselected, where 0 dB
corresponds to thmeasured value at the specified frequency

When "Off" is selected, the data@hannel B will not be displayed.

3.21.6 Channel B Multiplier
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The Multiplier for Channel B is the zooming factor for B axis. There are 9 options
available: Off, x1, x2, x5, x10, x20, x50, x100, x200.

When "Off" is selected, the full Display Rangar iChannel B is displayed over the
height of the View.

When "x1" is selected, initially the full range is displayed over the height of the view
with a vertical scroll bar on the right of the view. You can use the scroll bar to move
the data curve for Chael B up and down.

If you change the multiplier to "xN" which is greater than 1, then only 1/N of the full
range is displayed over the height of the view, with a vertical scrollbar on the right of
the view. You can use the scroll bar to scroll over thiebsplay Range.

For single channel measurement, this control is disabled.

This multiplier can also be adjusted via the magnifying glass which will be shown if
you put thanousecursor just on the right side of B axis.

3.21.7 FFT Size
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16384
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131072
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1048576
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_ |4194304
FFT1024  ~|

This paramter is applicable to all types of views in the Spectrum Analyzer. 16
options are available: 128, 256, 512, 1024, 2048, 4096, 8192, 16384, 32768, 65536,
131072, 262144, 524288, 1048576, 2097152, 4194304.

The selected FFT size directly affects theohason of the resulting spectrunihe
number of spectral points is always 1/2 of the selected FFT size plus one. Thus a
1024point FFT produces 513 spectral points.
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The frequency resolution of each spectral point is equal to [Sampling
Frequency]/[FFT Size]. Foinstance, if the FFT size is 1024 and the Sampling
Frequency is 44100 Hz, the resolution of each spectral point would be:

44100/ 1024 = 43.07 Hz

A larger FFT size providea finer spectral resolution but tagea longer time to
compute.

If the FFT ste is greater than the number of data points per sweep (Record Liangth)
the Oscilloscopethen zeros will be padded at the end of the actual measurement data
during FFT computation. It should however be noted that the real frequency
resolution is equato [Sampling Frquency]/[Number of data pointshlthough the
apparent FFT frequency resolution determined by[Sampling Frequency]/[FFT
Size]. In other words, zero padding does not improve the real frequency resolution
although it does provide more gl points via interpolation.

If the FFT size is less than the number of data points per sweep (record iergth)
Oscilloscopethen the measurement data will be split into different segments with the
size of each segment equal to the FFT size.la$tesegment of data will be dropped

if its size is not equal to the FFT size. The final result will be obtained by averaging
the FFT results from all segments. It should be noted that this approach is used for
Amplitude Spectrum, Auto Correlation FunctjorCross Correlation Function,
Coherence Function,Transfer Function and Impulse Response, except Phase
Spectrum where only the first segment of data is used. The average method here is
referred to as Intrerame Average in contrast to the InEFame Aveage set through
[Setting]>[Spectrum Analyzer Processing]>[Intename Processing]lhe following

table liss the average method used for each type of analysis:

Amplitude Spectrum Phase Auto Cross Coherence | Transtr Impulse
Spectrum | Correlation Correlation | Function Function Response
Independent | Dual
Channed Channel
Cross
Correlation
Intra- Auto Power | Cross No Auto Power | Cross Cross Cross Cross
Frame Average Power Average Power Power Power Power
Average Vector Vector Vector Vector Vector
Average Average Average Average Average
Inter- Auto Power | Cross Arithmetic | Arithmetic Arithmetic Arithmetic Arithmetic Arithmetic
Frame Average Power Average Average Average Average Average Average
Average Vector
Average

Note: Auto power average reduces fhectuation of data but does not reduce the noise le@ebss
power vector average reduces the uncorrelated noise in the two channels.

You can adjust the number of data points per sweep (Record Length) before data
sampling such that it equals to an integelitiple of the FFT size, if necessaiy/hen

both the Oscilloscope and Spectrum Analyzer are opened, the FFT Size and Record
Length are changed independently. However, when only the Spectrum Analyzer is
opened, changinthe FFT size will change the Record ngth and make iequalto
theFFT size.

Both the rumber of FFT segments atitk FFT frequency resolution are displayed at
the lower left corner of the Spectrum Analyzer viéiwzero-padding is used, then the
real frequency resolution will also be disptay
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The following figure shows a-4&econd white noise sampled at 48 kHz. Thues th
Record Length is 48000’he FFT size is 65536 and Rectanglkndow function (i.e.
No window function) is applied. The apparent FFT resolution #3000/65536 =
0.732422 Hz and the real frequency resolution is 48000/48000 Hzl 65536
48000=17536 zeros are padded at the end obrigenally sampled dataluring FFT.
fizero PaddingResolution: 0.732422 HZHz (realp is thus displayed at the lower
left corner of the Spectnu Analyzer view to indicatéhe zero paddingperationand
the apparent and refsequency resolutian
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The following figure shows the amplitude spectrum of the same data as abeve.
only difference is thate FFT size ighanged fron65536to 128. Thus the apparent
and realFFT resolutios are both48000Hz / 128 = 375 Hz. The number of FFT
segmerd is 48000 samples / 128 samples = 375 (segmeiif§)l Segmerst 375
Resolution: 375 Hz is thus displayed at the lower left corner of the Spectrum
Analyzer viewto indicate the intrdrame average over 375 FFT segmeatsd the

FFT frequency resolutionThe average methokereis power average. Due to this
averaging procesandthe coarser frequency resolution, the amplitude spectrum in the
figure belav is much smoother than that in the figure above.

A white noise has a flat amplitude spectruismpowerdistributes uniformlyacross all
FFT bins.The amplitude level is arour@6 dBFS in the figure beloywhich is about
27 dB higher thathat in the igure aboveThe width of a FFT bin in the figure below
is 375 Hz while that in the figure above is 0.732422 Therefore each FFT bim
the figure belowcontains 181g(375/0.732422) = 27 dB power moréf the power is
distributed uniformly.
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To know more about the basics of FFT, please refeFET. Basics and Case Study

using Multiinstrument

Download link:

https://www.virtins.com/doc/D10R/FFT Basics and Case Study using_ Multi

Instrument _D1002.pdf
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3.21.8 Window Function
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A window function can beised tosuppress spectral leakagaused by a nemfinite

length of data intime domain 69 window functions are supported: Recthng
Triangle (or Fejer), HanrtHamming, Blackma#d, Exact Blackman, Blackman Harris

4, Blackman Nuttall, Flat Top, Exponential (Exponential 0.1), Gaussian (Gaussian 2.5,
Gaussian 3.0, Gaussian 3.5), Welch (or Riesz), Cosine (Cosine 1.0, Cosine 3.0,
Cosine 4.0Cosine 5.0), Riemann (or Lanczos), Parzen, Tukey (Tukey 0.25, Tukey
0.50, Tukey 0.75), Bohman, Poisson (Poisson 2.%sPo 3.0, Poisson 4.0), Hann
Poisson (HamPoisson0.5, HanrPoisson 1.0, HanRoisson 2.0), Cauchy (Cauchy
3.0, Cauchy 4.0, Cauchy 5,@artlettHann, Kaiser (Kaiser 0.5, Kaiser 1, Kaiser 2,
Kaiser 3, Kaiser 4, Kaiser 5, Kaiser 6, Kaiser 7, Kaiser 8, Kaiser 9, Kaiser 10, Kaiser
11, Kaiser 12, Kaiser 13, Kaiser 14, Kaiser 15, Kaiser 16, Kaiser 17, Kaiser 18,
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Kaiser 19, Kaiser 20 Blackman Harris 7, CosineSum 220CosineSum 233,
CosineSum 246, CosineSum 2@Llkey 0.10, Tukey 0.05,ukey 0.02,Tukey 0.01
Dolph-Chebyshev 80, Dolphebyshev 100, Dolp@hebyshev 150, Dolph
Chebyshev 200, Dolphebyshev 250 The value behind the window nans the
parameter value of that window. Please refer to relevant reference books for the
definitions of these window functions.

Hannwindow is used by default. It should be noted that except Rectangle window,
the rest of window functions are not appble to Auto Correlation Funabn and
Cross Correlation Functicend thus are disabled accordinglyder these two modes

A 1024point 24bit WAV file is provided for each window functionin the

WAV \window directory of the softwareThey can be used tevaluatethe behavior

of thesewindow functionsin frequency domain. For this purpose, the following
changes to the system default settings for the Spectrum Analyzer are required after
loadinga WAV file:

1 [Window]: Rectangle;

1 [FFT size]: >1024;

1 [Seting]>[Spectrum Analyzer Processingjntra-Frame Processiiig
fiRemove D@: Unchecked;

The following changes to the system default settings for the Spectrum Analyzer are
recommended:

1 [Setting]>[Spectrum Analyzer Y Scale]: dBr
1 [Horizontal Axis Multiplier: 3 20

The following figure shows the spectrum of a Rectangle window.
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s Multi-Instrument Pro 3.0 - Rectangle_24Bit_1024Pt.wav - <SoundMAX Digital Audio =
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The following figure shows the spectrum of a Hann window.
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The following figure shows the spectrum of a Hamming window.
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The following figure shows the spectrum of a Blackmandow.

s Multi-Instrument Pro 3.0 - Blackman_24Bit_1024PL.wav - <SoundMAX Digital Audio =
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The following figure shows the spectrum of a Blackrhtarris (4 terms) window.

“w Multi-Instrument Pro 3.0 - BlackmanHarris_24Bit_1024Pt.wav - <SoundMAX Digital Audio=
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The following figure shows the spectrum of a Kaiser5 window.
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From the above six figures, some important characteristics of the six windows can be

readily obained.

Window Highest | Side Lobe -3dB -6dB Scallop | Coherent| Equivalent

Function Side Fall Off Main Main Loss Gain Noise
Lobe Rate Lobe Lobe (dB) Bandwidth
Level (dB/Octave) | Width Width (bins)
(dB) (bins) (bins)

Rectangle -13 -6 0.88 1.21 3.92 1 1

Hann -32 -18 1.44 2.00 1.42 0.5 1.50

Hamming -43 -6 1.30 1.81 1.75 0.54 1.36

Blackman -58 -18 1.64 2.29 1.10 0.42 1.73

Blackman -92 -6 1.90 2.66 0.83 0.36 2.00

Harris

(4 terms)

Kaiser5 -120 -6 2.16 3.03 0.64 0.31 2.28

The following figure summarizes thelwavior of the above six windows in both time
domain and frequency domain. The figure is obtained via the following steps:

1. Use AFile Opend to open the WAV file

2. Use AFile Combined to open the WAV f

3. Set the settingfor the Spectrum Analyzer properly as mentioned before

4. Copy both curves in the Ostilscope and Spectrum Analyzé&s Reference
Curves

5. Use fAFile Combined to i mport another

6. Copy both curves in the Ostiiscope and Spectrum Analyzé&ss Refererce
Curves

7. Repeat57.
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Spectral leakage is the result of the assumption in the FFT algorithm that the time
record in a FFT segment is exactly repeated throughout all time and thas signal
contained in a FFT segmeartethus periodic at intervals thatrcespond to the length

of the FFT segment. If the time record in a FFT segment has-imteger number of
cycles, this assumption is violated and spectral leakage occurs. Spectral leakage
distorts the measurement in such a way that energy from a greguehcy
component spreado adjacent frequency lines or bins. In most cases, you cannot
guarantee that you are sampling an integer number of cytlasFFT segment
Choosinga window function correctly to suppress the spectral leakage for a certain
measirement is thus critical. To choosenvndow function, you musestimatethe

signal frequency conterfirst. If the signal contains strong interfering frequency
components distant from the frequency of interest, choose a window with a high side
lobe roltoff rate. If there are strong interfering signal near the frequency of interest,
choose a window with a low highest side lobe level. If the frequency of interest
contains two or more signals very near to each other, then frequency resolution is very
important. It is best to choose a window with a very narrow main lobe. If the
amplitude accuracy of a single frequency component is more important than the exact
location of the component in a given frequency bin, choose a window with a wide
main lobe. If thesignal speecum is rather flat or broadbama frequency contenuse

the Rectanglevindow. In generalthe Hannwindow hasa good frequency resolution

and reducespectral leakage. It is satisfactory in 95%lw cases.

To know the characteristics ofare window functions, please refer t#valuation of
Various Window Functiausing Multiinstrument.

Download link:
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https://www.virtins.com/doc/D1003/Evaluation _of Various Window Functions using_Multi
Instrument _D1003.pdf

3.21.9 Window Overlap Percentage
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The window function suppresses greatly the data at the edges of the window. As a
result, these data contribute much leshtoanalysis result than the data at the center

of the window. To make full use of the acquired data, FFT segments can be
overlapped. The overlap ratio can be set via the Window Overlap Percentage combo
box, from 0% to 999%. This combo box is enabled onlshen the number of data
points per sweep (record length) is greater than the FFT size.

3.21.10 Impedance Measuremeiode

Amplitude Spectrummode can be used tomeasureimpedancevariation with
frequencyusingthe singlechannel methodescribed belowit is possible to usemo
input channelof the measuring device to meastn® impedances simultaneously.
Two connection methods are supported in the software (see figure below).
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stimulus stimulus

== QP UL = Quitput
"f-" . 7 -
éo Measured m Step 1 %Measmed in Step 1

Measured in Step 2 Measured in Step 2

Connection 1 Connection 2

where Zx is the impedance to be measured, Rr the reference resistbe Wotput
voltage from the signal generator and Vi the input voltage fed by the voltage divider
formed by Zx and Rr. Both Vo and Vi are ground referenced, so measuring devices
with either ground referenced inputs or differential inputs can be usedinpbe
impedance of the measuring device must be much higher than Zx and Rr &® that
effect on the measurement accuracy can be ignored. The output impedance and
overall frequency response of the measuring device do not affect the measurement
accuracy diectly, as the same input charing used to measure Vo and Vi, butg

still recommended for the measuring device to have a low output impedance and a flat
overall frequency response.

Rr is an external reference resistor. You need to find the resistbrmake the
connection by vyourself. It i s recommended
ZX . The actual val ue of Rr should be ente
Analyzer Y Scale] dialog box. The actual connection used also needs étetied

there. In Connection 1, Zx = Rr x (M) / Vi while in Connection 2, Zx = Rr x Vi /

(Vo-Vi). To achievea good measurement accuracy, significant stimulus energy must

be present in thedguency range of interesto@monly used signals are chirgsal

(frequency linearly or logarithmically swept sine) and multitones capable of
simultaneously stimulating all FFdctavefrequency bandm the frequency range of

interest Unlike white and pink noise, they have aepeatablevaveform This is

important when Vo and Vi are measured tiwno separate step¥arious averag

methods can be used to smoothen the resuakpt the inteframe peakhold, linear

average with théforevelo option and exponential average

Two steps are required:

(1) Step 1
Vo is measured and th8pectrum AalyzerY scale MUST be set to VrsnAfter
Vo& amplitudespectrum(in Vrms) is obtainedright click anywhere within the
Spectrum Analyzer window and selé&&pectrum Analyzer Exparto export itas
a TXT file. Then right clickanywhere within the Spectrum Analyzer window
againand selectfiSpectrum Analyzer Y Scade Tick fiConvert to Impedance
checlbox andload the TXT file saved previouslys the Reference Vo file (see
figure below).

(2) Step 2
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Vi is measuredvith exactly the sameampling, processing and analysis settings
as Step Jlexceptthat the voltage measurement rangan be changed the
measuring device igoltagecalibrated. In case the settings in Step 2 is different
from those in Step 1, the reference Vo file will ingalid andthe fiConvert to
Impedance checlbox will be unticked atomatically.

Spectrum Analyzer Properties >

Processing | X Scale Y Scale | Chart Options ] Reference

]

I IS B IO

[v Convert to Impedance
Impedance

Wi Wi Reference Vo |C:'-.‘u"IF~!TINS Mutti-Instrument 3. 8%export\ADC1 txt =

i
Fr s Rr () 10

QK | Cancel |

It should be noted that in most of the cas&#ep 1 needs onlp be conducted once as
long as the signal generator has a sufficiently low output impedance so thdapus o
voltage Vo does notirtually vary with Zx + Rr. For example, many audio power
amplifiers fave an output impedancepmoaching0 Y, therefore they are very
suitable for this kind of testslt is also possible to use thersig | generator 6s i
resistanceas the reference resistor Rr so as to simplify the connection. For example,
the signal generator of VT DSEB10E, 2820E, 2A0E and 2A20E have an output
impedance(resistance)o f 50V, t h u sreadilyhuseg to crreeasure btlee
impedance of a Device Under Test suclaapeaker In this case,lte reference Vo

can bemeasued through measuring Viwithout the connection of Zx éfer tothe
aboveConnection 2given that the input impedance of the measuring device is high
enough In other words, Step 1 is to measure Vi without the connection of Zx and
Step 2 is to measure Vi with the connection of Zx. This method is applicable to
Connection 2 only.The following figure shows theonnectiorof this method.
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Under theimpedance measuremembde,Channel A Display Rangand ChannelB
Display Rangewi | | be updat ed t aThddisplagylraageofthemp ed anc e
A Aut o o0 isabput 5Ro. The following DDPs are generated by this mode:

(1) f1Freq_A(Hz) Frequency at the peakpedancen Ch. A

(2) fARMS_A(EU} Peakimpedancen Ch. A

(3) InBanaMiinF_A(Hz): Frequency at which the minimummpedances located in
the speified frequency band in CIA

(4) InBandMinRMS_A(EU) The minimumimpedancein the specifid frequency
band in ChA

(5) InBandMaxF_A(Hz) Frequency at which the arimumimpedances located in
the speified frequency band in CIA

(6) InBandMaxRMS_AEU): The maximumimpedancein the specifid frequency
band in ChA

(7) oBandRMS_A(EU)_Array[?] Impedance value in a particular octave band in
Channel A. A?0 s h ctud @hndmenber ggutihgagfrore@ by t he

A similar set of DDPs r@ also generated for Channel BlFreq_B(Hz)
fARMS_B(EU) InBandMinF_B(Hz) InBandMinRMS_B(EU) InBandMaxF_B(Hz)
InBandMaxRMS_B(EU)oBandRMS_RBEU)_Array[?]

The following examples ustifferert stimuli andconfigurations 0 meas ®B8Y e a 2. 5
speaker 6s Thanfpse tiraenezaenples use VT DSB20E as the ADC

device and a sound card as the DAC degwiith an external 28 referenceresistor

Rr using Connection 1. The latter three examplss VT DSG2A20E & both the

ADC and DAC deviceand its 50 output impedancéresistanceps the reference

resistor Ry based on Connection 2o avoid the interference from the automatically
generatedoscilloscope probe atibration signal, switch it off via [Setting]>[DAC
Device]>fiProbe CAIlO beforetests
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