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Background

The purpose of the PowerLab and LabChart data acquisition system is to acquire, store and analyze data. Figure 1 shows a
summary of the acquisition. Usually, the raw input signal, which may be from any number of biological or physical sources,

is in the form of an analog voltage whose amplitude varies continuously over time. This voltage enters the PowerLab via

the input connections and can be modified by amplification and filtering, a process called signal conditioning. After signal
conditioning, the analog voltage is sampled at regular intervals. The signal is then converted from analog to digital form before
transmission to the attached computer.

LabChart analysis software displays the data directly; it plots the sampled and digitized data points and reconstructs the
original waveform by drawing lines between the points. Digital data can be stored on disk for later retrieval. LabChart software
can also easily manipulate and analyze the data in a variety of ways.
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Figure 1 A summary of data acquisition using the PowerLab system.

Most of the parameters that affect acquisition can be set by the user through the software. To make a good recording, the
parameters must be appropriate for the signals being recorded.

To acquire good data you need to:
° Select a suitable e Apply the correct e Choose suitable
sampling rate input range filter settings

In some disciplines you may be able to find tables of suggested sampling rates, ranges, and filter settings, but these should not
be applied blindly. You still need to know the science (what you are recording, why you are recording it, and how it relates to
real phenomena) and the technique (how best to record, and what limitations or compromises are inherent in the process).
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Sampling rate

The first thing to choose is a suitable sampling rate. Samples
are taken from the signal at regular time intervals. The
appropriate sampling rate depends on the signal to be
measured. If the sampling rate is too low, information is
irreversibly lost and the original signal will not be represented
correctly (Figure 2A). For example, if you sample at 200 Hz, this
will display 200 points every second. This would be adequate
fora human ECG but you would lose information from a mouse
ECG whose heart rate is 5-6 times higher. If the sampling rate is
too high, no information is lost, but the excess data increases
processing time and may give excessive noise in the signal or
result in unnecessarily large disk files.

You can calculate the size of the data file that will be collected
based on the sampling rate:

Amount of data (bytes) =2 x number of channels
x sampling rate x recording length (in seconds)

You will need this much space on your computer hard disk
to record the data, but LabChart will compress the file when
saving, so you will not require as much storage space.

Aliasing

Periodic waveform recordings that have been sampled

too slowly may be misleading as well as inaccurate. This is
known as aliasing where high frequency waveforms may be
represented as lower frequency waveforms (Figure 2B).

To prevent aliasing, the sampling rate must be at least twice
the rate of the highest expected frequency of the incoming
waveform. This sampling rate is known as the ‘Nyquist
frequency’, the minimum rate at which digital sampling can
accurately record an analog signal. For example, if a signal has
maximum frequency components of 100 Hz, the sampling rate
needs to be at least 200 Hz to record it accurately. To provide
a safety factor to guard against information loss, it is usual to
sample at five to ten times the highest expected frequency
rather than the minimum two times.

You can select the sampling rate in LabChart using a small
drop-down menu in the top right corner of the Chart View
(Figure 4). The default setting is 1 kHz, but you can adjust it
to as low as 1 sample every 10 minutes and as high as 200
kHz (depending on the PowerLab model and the number of
channels being used).

In most cases, the highest expected frequency will be

known. It may be limited by the transducer used: a bridge
transducer to measure mechanical force will not produce high
frequencies, for instance. If you are unsure of the frequency
range (bandwidth) of your signal, a useful rule is to choose

a sampling rate high enough to allow at least 20 samples for
any transient peaks or recurring waves in the signal. You can
formally determine a signal’s highest frequency by sampling
the signal at the maximum rate, and looking at the frequency
spectrum of the signal using the Spectrum display available
under the Window menu item in LabChart.

10 Samples/sec 200mV

200 Samples/sec

200mV

Figure 2A Undersampling - human finger pulse recorded at
10/s and 200/s. The former sampling rate is too low to depict
the signal accurately.

Actual Signal

Amplitude /

Signal wrongly
reconstructed

Figure 2B Aliasing - sampling a higher frequency signal at
1 sample per second gives a misleading waveform (real-life
effects are more subtle).
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Figure 3 LabChart sampling rate options.



Range and resolution

To accurately record a signal, it isimportant that the
range of the LabChart channel is greater than the signal’s
amplitude. Many systems use ‘gain’ when looking at
amplified signals. Range is inversely proportional to

gain (the amount of amplification), and is a more useful
concept than gain since it relates directly to the signal
being measured. With a PowerLab system, the range can
be set independently for each channel in the right-hand
drop down menus.

The resolution of the signal represents the accuracy of the
display. PowerlLab has a 16-bit resolution which means the
range can be divided into a maximum of 216 levels

(65 536) although LabChart fits 64 000 to the range. So if
you are looking at a+10 V range the smallest discernible
level would be ~300 uV (20 V corresponding to the +10 V
range divided by 64,000).

If a signal is very small in relation to the range (Figure 4A),
then its resolution will be degraded. In extreme cases,

the recorded waveform may appear stepped rather than
smooth. Even though you could see a +£380 mV signal on

+10V Range, 16-bit resolution
+10V 64 000

|
%]
<

input signal

0.5V m— \
T

ov

-10V 0

Figure 4A A small signal on a large range will have poor
resolution as only a small part of the range is used.

the default 10 V range, it would be preferable to use

500 mV range to measure it at maximum resolution. It
would be saferin practice to usea 1V or2 Vrange, though,
since unexpectedly large peaks could exceed the 500 mV
range if the signal was unpredictable.

If the signal amplitude exceeds the range (Figure 4B), there
will be severe information loss. Any signal exceeding the
range is ‘out of range’, a condition indicated where no
amplitude can be given. If there is any possibility of this
condition occurring, you should

set the range to a larger value.

For the best resolution, the maximum amplitude of the
signal you are interested in should be reasonably close
to the chosen range without exceeding it. That way, the
minimum change in voltage discernible in digitization
remains small in relation to the signal being measured.
Note that changing a waveform’s on screen display (by
enlarging itin the Zoom window or by stretching or
shrinking its Amplitude axis, for instance) does not affect
its resolution, just its appearance.

+1.2V +1V Range, 16-bit resolution

Real signal is £1.2V
The digital signal is
clipped at £1V

input signal

-1.2V

Figure 4B If the signal is larger than the range, the top and
bottom is ‘clipped’ and maximum and minimum value is lost.

Using single-sided or differential inputs

The Single-sided and Differential options in LabChart control signals acquired through the differential inputs (i.e. the pod
connectors). These options do not appear where the input for a channel is only single-sided — in this case, the input functions

asif the single-sided option were checked permanently.

Single-sided — When this option is selected, only the positive (non-inverting) input on the front of the PowerLab is used, and a
positive signal fed into it will be shown as a positive signal on the display. The inverting input is grounded.

Differential — When the Differential option is selected, both positive (non-inverting) and negative (inverting) inputs for
that channel are used, and neither is grounded. The signal shown on the display is the difference between the signals at the
positive and negative inputs. If both input signals were the same, they would cancel each other out.



Filtering and smoothing

Filters and smoothing are used to get rid of noise from

a signal. Noise can be referred to as unwanted signal. It
is likely to be a problem at lower range settings, when
trying to measure very small signals. Random noise (such
as thermal noise) is inherent in all electronic circuits,
including those of the PowerLab recording unit. It can

be minimized through filtering. Other causes of noise are
stray electromagnetic and electrostatic fields including
interference (often at the mains frequency of 50 Hz or 60
Hz) from unshielded power lines, switching equipment,
fluorescent tubes and computers. Interference can
significantly affect a signal, but can be reduced through
reasonable care in the arrangement and shielding of
equipment and cables.

There are two types of filter available within
PowerLab and LabChart: analog/hardware filters,
ordigital/software filters.

Analog/hardware filters

Analog/hardware filters are used to filter the incoming,
continuous signal before it is sampled by the analog

to digital converter (ADC). These filters are built into
ADInstruments front-ends (Bio Amps, Bridge Amps etc)
and some PowerlLab units. ADInstruments front-ends
initially amplify the signal to a level suitable for filtering.
The analog filters are then used to remove unwanted
frequencies, before further amplification is performed
before digitization. Filtering the signal prior to full
amplification is essential for biopotential measurements
to improve the signal-to-noise ratio.

Digital/software filters

LabChart’s digital or software filters filter the data after it
has been sampled and recorded by the PowerLab. Digital
filters are used during or after data acquisition and are
advantageous because:

« ltis possible to design digital filters that are impractical
to make in analog form

« They are stable over time and provide consistent,
reproducible signal filtering

« InLabChart, they can be applied post data acquisition
while the raw data is retained

A disadvantage of post-acquisition digital filtering is that
unless analog/hardware filters have also been used prior
to digitization, any noise or baseline offset will also be
amplified. This will have a negative effect on the signal’s
resolution.

Basic filtering terms

To understand the basics of filtering, it is first necessary
to learn some important terms used to define filter
characteristics. While these terms apply to all types of
filters, for simplicity the following examples will only refer
to low-pass filters.

gain

« Cut-off frequency (fc) — Also referred to as the corner
frequency, this is the frequency or frequencies that
define(s) the limits of the filter range(s). It is the desirable
cut-off point for the filter.

« Stop band — The range of frequencies that is filtered out.
« Passband — The range of frequencies that is let through.

« Transition band — The range of frequencies between the
pass band and the stop band where the gain of the filter
varies with frequency.

Low-pass filters

A low-pass filter allows signal frequencies below the low
cut-off frequency to pass and blocks frequencies above
the cut-off frequency. It is commonly used to help reduce
environmental noise and provide a smoother signal.

A simple way to understand how a filter works is to plot
signal frequency against signal gain (Figure 5A). When a
signal is unfiltered, it is recorded at a gain of 1, that is, the
full signal is being recorded. All low-pass filters have a
frequency (fa) above which the gain is very small and the
signal is virtually non-existent.
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Figure 5A Gain versus frequency (S.S. Young, 2001).

Ideally, a perfect low-pass filter would have a gain of 1 for
signals having frequencies that are meant to pass through
the filter, and a gain of zero for frequencies that are meant
to be blocked (like the ideal brick wall filter in Figure 5B).
However, filters are imperfect, and the gain of a low-pass
filter never quite falls to zero. The frequency at which the
gain starts to decrease by a reasonable amount is the cut-off
(corner) frequency (fc). This reduction in signal gain after the
cut-off frequency is often referred to as signal attenuation
and is commonly presented in decibel (dB) units.
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Figure 5B Effect of low-pass filtering on signal gain
(S.S. Young, 2001).



Note: Decibels are not units of measurement in the
conventional sense but represent a log ratio, thereby describing
how much bigger or smaller one thing is compared to another.

All signal frequencies below the cut-off frequency are referred
to as the pass band (Figure 6). All signal frequencies above

the cut-off frequency are referred to as the stop band. The
region between the pass and stop bands is referred to as the
transition band or transition width. This width (in Hz) depends
on how sharply the filter response drops from the pass band
to the stop band. Related to this is the roll-off rate, which, for
low-pass filters is the rate at which the signal gain decreases
when the signal is above the cut-off frequency. The narrower
the transition band, the steeper the roll-off.

Other filter types

High-pass filters

A high-pass filter allows frequencies higher than the cut-off
frequency to pass and removes any steady direct current
(DC) component or slow fluctuations from the signal. Such
filters are often used to stabilise the baseline of a signal (i.e.
minimise baseline drift in an ECG signal). A useful comparison
of the effects of a low-pass filter in comparison to a high-pass
filteris presented in Figure 7.

Mains filters

Mains interference (50/60 Hz) from power lines or electrical
equipment is not static and may vary during the day, with
more variation in some countries than others. An adaptive
mains filter tracks and removes the mains noise (including the
harmonics of the fundamental) with minimal distortion to the
recorded signal. Digital mains filters are included in LabChart
for use with PowerLab 26 series, and PowerLab C.

Notch filters

A notch filter removes a particular frequency from a signal
and has a frequency response that falls to zero over a narrow
range of frequencies. For example, a 50 Hz notch may block
signals from 49.5 - 50.5 Hz. Notch filters are available in all
ADInstruments Bio Amps.

Narrow band-pass filters

Narrow band-pass filters are used to remove all signal
frequencies except for a particular band, say to record 8 - 12
Hz activity in EEG recordings. Frequencies either side of this
band are blocked.

Band-pass filters

A band-pass filter may be used to pass a larger range of
frequencies say 0 - 100 Hz in EEG activity. Frequencies either
side of this band are blocked.

Band-stop filters

A band-stop filter blocks a certain range of frequencies and
allows frequencies either side of this range to be passed. For
example, you may wish to block Beta [31: 16 - 32 Hz] activity
from an EEG recording but record all other frequencies
between 0 - 15Hz and 33 - 100 Hz.
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Figure 6 Filter bands (S.S. Young, 2001).

Original waveform (low and high frequencies)

Low-pass filtered waveform

High-pass filtered waveform

Figure 7 Comparison of the effects of low and high pass filters
on a signal waveform.

Anti-aliasing filters

The anti-aliasing filter is a sampling rate-dependant
low-pass filter. Aliasing can be caused by under sampling,
so for this filter to be effective it is important that the
correct sampling rate has been applied. In LabChart, the
cut-off frequency of the anti-aliasing filter is set to half
the sampling frequency but disabled at sampling rates
lower than 100 Hz. The anti-aliasing filter is a digital filter
available in the 15 and 26 series PowerLabs.



Smoothing

Another means of removing unwanted high frequencies, noise or clutter from a waveform, is to use ‘smoothing’. In LabChart,
it works both offline and online. Choosing the Smoothing... command from any Channel Function drop-down menu displays
the Smoothing dialogue for that channel.

Four smoothing methods are available: a moving average with a Triangular Window, Savitzky-Golay, Median Filter and Averaging.
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Figure 8 Example used in LabChart Training courses, examining the differing effects of the Bartlett and Savitsky-Golay smoothing functions.

« Triangular (Bartlett) window smoothing works by  Averaging (decimation) smoothing replaces all the data
taking the sample point together with a variable number values in the window with a true (“boxcar”) averaged
of points on each side in the moving average window, value. This compresses the data and effectively results in
weighting the values (most at the middle, which a change to the sampling rate.
decreases to zero going out towards the window edges) With all the smoothing methods, the number of points used
and averaging them to give the smoothed value at the to calculate each smoothed value is set with Window width.
sample point (Figure 8). The window width is always an odd number (3-2000001 for

» Savitzky-Golay smoothing works by fitting a triangular smoothing, 3-999 for Savitzky-Golay smoothing,
polynomial in a window around each sample point, 3-255 for the median filter and 2-2000001 for averaging).
using least squares fitting. You can specify the order of The window width should be chosen with caution. A window
the polynomial from two to six. width that is large in comparison with the time-span of

+ Median filter smoothing sorts the data values in the changes in the signal slope will bias the calculation of
window around each sample point and returns the the smoothed value, whereas a too-small width will not

middle value. effectively remove noise.



Suggested settings for selected life science applications

Sampling rate Filters/Other information

10-20 mV + Mouse 4 kHz ECG signals contain limited information above 100 Hz.
« Rat2-4kHz + High pass: 0.3 Hz to minimise iso-electric (baseline) drift
+ Rabbit1-2kHz « Low pass: <25 - 50 % sampling rate
+ Guinea Pig1l-2kHz (typically 200 - 1 kHz low-pass cut-off)
+ Dog400Hz-1kHz + Notch: Do NOT use as may distort ECG signal.
+ Pig400Hz-1kHz « Mains: Will suppress electrical interference without
« Human 400 Hz - 1 kHz distorting signal.
Should be 15-30
sample pointsin
the QRS Complex
EEG/ECoG 200-500 4V | 400-1000 Hz EEG signals contain limited information above 50 - 100 Hz
(Humans, Rats, Mice and Sheep).
« High-pass: 0.10r0.3
+ Low-pass: 100 - 200 Hz cut-off
« Notch: No (unless the user is aware of affect on signal)
« Mains: Yes
Frequencies of particular interest:
+ Delta:0.5-<4Hz
o Theta:4-<8Hz
« Alpha:8-<12Hz
« Spindles: 12 - 14 Hz
« Sigma:12-<16Hz
« Beta: (R1) 16 - 32 Hz
« Beta: (R2) 30 - 60 Hz
EMG Variable 2-4kHz EMG signals contain variable frequencies; however, most
between common frequency bands recorded are 0.3 Hz - 1 or 2kHz.
species and « Notch: No (unless the user is aware of effect on signal)
muscle types .
« Mains: Yes
Removing ECG artifacts, particularly in intrathoracic recordings
(i.e. esophageal EMG) often requires difficult template
matching (not available in LabChart). If you need to remove
low frequency artifacts > 2 Hz (i.e. respiratory or ECG artifacts)
prior to recording/digitizing the signal, then use the high-pass
filters available in the Bio Amps.
Blood For accurate Typical heart rates:
Pressure reproduction of « Humans: 80 - 200 bpm (max 4 Hz)

dicrotic notches and BP
harmonics, sampling
speeds of 50 to 100 times
the heart rate
(in Hz) are desirable.
» Humans: 400 Hz
+ Guinea Pigs/Rats:

2 kHz
» Mice: 2 kHz

+ Guinea Pigs/Rats: 200 - 400 bpm (max 7 Hz)

+ Mice: 500 - 700 bpm (max 12 Hz)

As a minimum, the low-pass filter frequency should be
10 times the heart rate (in Hz) and half the sampling rate.
Recommended low-pass cut-off frequency:

« Humans: 100 - 200 Hz

+ Guinea Pigs/Rats: 100 Hz - 1 kHz

o Mice: 100 Hz - 1 kHz



Data display

Apart from biopotential signals such as ECG and EEG (where you are interested in the electrical signal as a voltage), few
biological signals will have much meaning as a raw voltage signal and may require further modification to display the
parameters of interest.
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Figure 9 Two points conversion of a voltage signal into temperature.

Data calculations

Even with the data being displayed in the correct units, you may wish to display other features of the signal which may have
more meaning for your study such as a heart rate, the change in pressure over time (dP/dt) or the area under the signal. Each
LabChart Channel has a Channel Function drop-down menu with additional features (Figure 10).
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Figure 10 LabChart Channel Function drop-down menu.



Cyclic measurements

Cyclic Measurements analyse periodic waveforms,
either online or offline. LabChart preprocesses the
signal, detects cycles in the waveform, and then
uses those detected cycles to perform various
calculations on the cycles (cyclic minimum,
maximum, mean, rate, period frequency etc).
Choose Cyclic Measurements... from the Channel
Function drop-down menu. The input data is
selected and the cyclic function chosen. LabChart
has a series of pre-set detection waveforms to
allow the cycles to be determined and then the
selected measurement can be displayed over the
raw data or on a separate channel (Figure 11).

Figure 11 Cyclic Measurements set-up (top) and
output display.
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The Arithmetic calculation allows you to arithmetically combine waveform data from different channels as well as applying an
algorithm to data inputs. It works online (during recording) as well as offline. Choose Arithmetic... from the Channel Function
drop-down menu to open the Arithmetic dialog (Figure 12). The channel in which results will be displayed is indicated in the

dialog title.
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Figure 12 Arithmetic set-up. i DDl




Integral

The integral of a waveform is equal to the area underneath it. The Integral calculation can
calculate integrals with respect to time both online and offline. A typical application where

this is useful is in respiratory work where air movement is normally quantified by measuring
flow with a pneumotachograph. The flow signal is then integrated to give the volume.

Choose Integral... from the Channel Function drop-down menu of the channel you wish o 0
to display the calculation result. In the Integral dialogue (Figure 13) for that channel, you
choose the source channel, the type of integral, the resetting mode, the limits of the integral
and the scale to be used. The accumulative integration can be displayed (no reset) orit can

be reset by time, cycle or event.

Figure 13 (Top, right) Integral set-up.
The Flow of Channel 1 is integrated to
give Volume on Channel 2.

Derivative

Itis also possible to find the first or second order
derivative of a signal waveform with LabChart. A typical
application where this may be of use is when measuring
ventricular pressure and you are interested in the rate of
the pressure change (dP/dt). You can determine this using
the first order derivative of the pressure signal (Figure 14).
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Choosing the Derivative... command from a Channel Function
drop-down menu displays the Derivative dialogue for that
channel. As with most channel calculations, you specify a
source channelin the

Derivative - dP/dt ﬂ‘
Source channel drop-
. E—
down list.
Window width: 3 | points
Derivative order: 1ist i
Figure 14 Derivative set-up. EEEE = Rabiaild -1
The dP/dt (mmHg/S) Of Decimal places: 2 | [¥]auto scale
the pressure waveform is
displayed. L )

Summary: The bare essentials of data acquisition and display

 Define the variables to be measured
You will need to know the normal range and allow
for any potential effects of your intervention.

« Convert the physiological effect to a voltage
Atransducer and amplifier will be required to
convert the variable into a voltage signal.

« Choose the sampling rate
The general rule is to sample at least twice the
highest expected frequency of the incoming signal.

« Settherange
This allows you to record your signal with good
resolution, but be careful not to set it too low or
data could be irreversibly lost.

« Apply appropriate filters
Use filters to reduce noise or unwanted
frequencies either with a hardware or digital filter.
Using the latter in LabChart allows you to maintain
your raw data.

« Calibrate your transducer
Change the voltage signal into meaningful units.

« Set up channels for calculated data
Channel calculations can display meaningful
parameters of your raw input signal.

Reference: S.S Young - ‘Computerised Data Acquisition and Analysis for the Life Sciences - a Hands-On Guide’. 2001.




Specialized analysis with LabChart Modules

Modules provide highly specialized data acquisition and analysis features for specific research applications.
The full suite of modules are included with a LabChart Pro License, or can be purchased individually as
needed. Some modules are not available on Mac.
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Heart Rate Variability

Displays and analyzes variation in the interval between heartbeats in human and

animal ECG.

Diverse Applications: “.. the synchronised video is really a
complete solution, taking swimming technique analysis to
the next level.” Budd Termin, Swimming Coach, TeamTermin
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ECG Analysis

Detects and reports the onset,
amplitude and interval times of PQRST
from human and animal ECG signals.
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Automatic detection and analysis of
multiple (but not overlapping) signal
waveforms from recording.
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Spike Histogram

Analyzes left and right ventricular pressure/ Detects, discriminates and analyzes

volume data, calculates loop area plus a
wide range of hemodynamic parameters.

extracellular spike activity generating a
range of plots and statistics.
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Video Capture

Allows the synchronized recording and
playback of a Windows Media Video
and LabChart data file.

o

°

3
5
g H H
=
e
g
s

LOGECS0
EC50
Hill Slope

LOGECS0

Hill Slope
95% Cq

BOTTOM

: w|-56.1v
M ECG
: ~|25.46°C
1 M Temperature
: ~ -0.025Lfs
I RNDRARN o e

TOP
LOGECS50

: ~ 128.0719BPM
| l ” ‘TVM— B HeartRate

Blood Pressure

Automatically detects, analyzes and
reports on parameters from arterial or
ventricular pressure recordings.

Dose Response
Generates dose response curves, EC50
values and additional parameters.

Metabolic

Provides real-time measurements of
parameters such as VCO,, VO,, VE and
RER.



All your analysis
In one place
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LabChart

Enablingdiscovery

LabChart data analysis software creates a framework for all of your
recording devices to work together, allowing you to acquire signals
from multiple sources simultaneously and apply advanced calculations
as your experiment unfolds. Even better, LabChart tracks every action
you take and never modifies your raw data, ensuring the integrity of
your results so you can focus on the true insights of your research.

ADINSTRUMENTS

adinstruments.com/labchart making science easier



ADInstruments Training and Support

Our global support and flexible training options mean that there is always help at hand to streamline your
experiments and reach your research goals faster. Whether you are already a career scientist or just starting
out, we can help you master best practice techniques for your research.

We provide training at three
different levels:

Level I: The basics of data acquisition

Level ll: Improving signal processing
and data analysis

Level lll:Automation and advanced
analysis

Software Training Customized Onsite Training

Our software training courses are designed to get you up to Increase efficiency with tailored training courses, delivered
speed with relevant, useful skills and knowledge, as quickly at your facility. We can customize our curriculum to suit

as possible. your needs, and teach the hardware and software best
Training courses are hands-on and delivered by our team of practices for your unique requirements.

experienced scientists and teach professional best practices Our hands-on training fast-tracks learning, to immediately
to immediately improve data accuracy, problem solving, improve output and efficiency, so you can achieve your
workflow, and efficiency. research goals, sooner.

NP Y » e A «

Live Product Demonstration
ADInstruments partners with world class universities, Showcasing powerful and flexible solutions for research.
institutes and leading researchers to develop training directed Experience how our integrated hardware and software
at specific protocols, techniques and applications. solutions could help enhance your work.
Our hands-on workshops teach you to use our systems in the Take the opportunity to talk to one of our expert team
most relevant, effective and efficient way for your needs. about how we could help you reach your specific goals.
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A comprehensive range of product, application, and customer webinar videos are available
WEBINARS

from our online library. Visit adi.to/training to sign up for one of our upcoming live webinars.

PowerlLab and LabChart are trademarks of ADInstruments Pty Ltd. All other trademarks are the property of their respective owners. C @ G
Products supplied by ADInstruments are intended for use in research and teaching applications and environments only. - &

Visit adinstruments.com or contact your local ADInstruments representative for more information
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