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LICENSE AGREEMENT

This is a legal agreement between Avisoft Bioacoustics and the buyer.
By operating this software, the buyer accepts the terms of this
agreement.

1. Avisoft Bioacoustics (t la@onAxdesived or fi)
license to operate the provided softwar
at a time.

2. The Software is the exclusive property of the Vendor. The Software and
all documentation are copyright Avisoft Bioacoustics, all rights reserved.

3. The Software is warranted to perform substantially in accordance with
the operating manual for a period of 30 days from the date of shipment.

4. EXCEPT AS SET FORTH IN THE EXPRESS WARRANTY ABOVE,
THE SOFTWARE IS PROVIDED WITH NO OTHER WARRANTIES,
EXPRESS OR IMPLIED. THE VENDOR EXCLUDES ALL IMPLIED
WARRANTIES, INCLUDING, BUT NOT LIMITED TO, IMPLIED
WARRANTIES OF MERCHANTIBILITY AND FITNESS FOR A
PARTICULAR PURPOSE.

5. The Vendordéds entire liability and th
at t he VGELE DGCRETIONS either (1) return of the Software and
refund of purchase price or (2) repair or replacement of the Software.

6. THE VENDOR WILL NOT BE LIABLE FOR ANY SPECIAL, INDIRECT,
OR CONSEQUENTIAL DAMAGES HEREUNDER, INCLUDING, BUT NOT
LIMITED TO, LOSS OF PROFITS, LOSS OF USE, OR LOSS OF DATA
OR INFORMATION OF ANY KIND, ARISING OUT OF THE USE OF OR
INABILITY TO USE THE SOFTWARE IN NO EVENT SHALL THE
VENDOR BE LIABLE FOR ANY AMOUNT IN EXCESS OF THE
PURCHASE PRICE.

7. This agreement is the complete and exclusive agreement between the
Vendor and the Buyer concerning the Software.
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Introduction

The AvisoftSASLab Pro software is a powerful spectrograph, synthesizer and
versatile signal analyzer for evaluating ausiignals.

The signals sampled by a sound card are displayed as an envelope curve inside
main window of the application. Optionally, there can be displayed an overview
spectrogram. The time data can be edited by different functions. After marking e
sigral section, a spectrogram can be generated using the current spectrogra
parameter. This spectrogram is displayed in an extra window. Here several displa
parameters (colors, threshold for blaék white display, gradation) of the
spectrogram can be changddhe spectrogram can be exported into the Windows
clipboard according to the previous defined export parameters. The spectrograr
can also be saved as BMIP TIFF graphics files. These exported spectrograms
can be read by different Windovegplications (Wite, WinWord, Paintbrush,
PageMaker...). There they can be supplied with text information and can be
printed. For quantitative analysis the spectrogram can be measured by a set
different cursors. The real time display makes it easy to check long sounc
seguences.

The following introduction into the analysis of acoustic signals is addressed to
beginners, who want to become familiar with the foundations. The very special
mathematical details are suppressed for better understanding. Those, who want
learn more about these details, should study the specialized literature abou
telecommunications and digital signal processing.

Hard- & Software Requirements

To run the software, @indowsPC with at least 32 MB of RAMNd about 10 MB

of free harddisk space is required. For recording audio signalsound card
compatible to Windows should be installed. See the user's guide of the sound ca
for installation instructions.
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Installation procedure

To install the software, simply insert the Avisoft CD into the CD drive. The
installation procedure will then start automaticallyyou have received an USB
flash drive, execute the setup.exe application on this médeasupplied Hardlock

key, wtich is required to run the software, should not be connected to the computer
before the software installation has finished.

A specialHardlockdevicedriver (HaspUserSetup.exemust be installed to enable

the Hardlock recognition. Usually, this driveriisstalled automatically when the
installation is started from the AvisdBioacoustics software installationedia A
separate Hardlock driver installation program can be found on the installation CD
or USB flash drive or avww.avisoft.com

Free software updates that provide bug fixes and improved functionality are
available from www.avisoft.com.
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Program description

The software is divided into three different windows. After starting the program
the main window appeardlere you can record audio data or load audio files,
which are displayed immediately as an envelope curve and optionally as ai
overview spectrogram. Subsections of the whole file can be displayed
spectrographically in a separate spectrogram window. Tdietinee spectrograph
window allows displaying of spectrograms in réate.

Getting started

The following topics describe the spectrogram generation procedure.

1 Sound card adjustme : Selection of sampling frequency (see page

9 Adjusting the recording level through the software supplied with the sound card
(menu option OFil edo/ 6Recording Leve

9 Data acquisition: Start recording "File/Recor_ (see page25), Stop
recording with ) Alternatively the Realime-Spectrograph (Menu

"File/Real Time Spectrogranﬁ ) can be used for pieigger data acquisition
(see pagd99).

1 Select the section to be analyzed spectrographically by clicking on the desire
start poith and dragging to the end point inside the envelope curve display. The
current selection can be verified by playing that section through the sound car

|

1 Adjusting the spectrogram parameter in the menu "Analyze/Spectrogram
parameters...m (see pag89).

1 Generate spectrogralz! (see pag&9).

91 Select displayparameter inside the spectrogram window Display/ Display
Parameter... (see pagd?29.

1 In very long spectrograms the visibkection can be selected using the
horizontal scroll bar at the bottom of the window. Please note, that the window
size can be changed by dragging the left and right window margins.
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Adjusting the exporparameters  for printing the spectrogram (menu
File/Export-Parameters..i& (see pagd2?).

Print spectrogram directly using the menu "File/Print Spectrog.@ﬁn"
or:

Copy the spectrogram into the clipboard (menu File/Copy Spectrod=m)

Insert the spectrogram into a word proceser graphic editor ggication.
There you can input a documentation text before printing.
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The main window

The main window supplies all functions necessary for recording, playing, editing
and displaying of time data (audible sound algh The spectrogram generation is
parameterized and started here.

& drossel2.way - Avisoft-SASLab Pro, "DEFAULT. INI*
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The File/Open dialog allows to load previously saved sound filésis also

possible to opesound files in other formats than WAV:

1 Avisoft-DOS (*.DAT) File format of the old DO$ased Avisoft
SONAGRAPH.

I NeXT/SUN (*.AU; *.SND) Standard sound file format on UNIX workstations.

1 Apple AIFF (*.AlF; *.SND) Standard sound file format on Apglacintosh.

1 Userdefined (*.*) Other sound file formats whichate been previously
defined in the menu "File/ImpeFRormat...".

Alternatively sound files can be loaded by Drag&Drop technique. You have first to
start the Windows file manager. Then click at the desired file and drag the mous
cursor to the AvisofSASLab window while the left mouse bottom is pressed.
Releasing the mouse bottom above AvisS#tSLab will load this file.

Browseeée
This modeless dialog box allows quick navigation through sound files. All files
located in the specifieBolder will be listed including date and titles read from the



22

. wav f il e éodhbuttorkmsay beTusee to éhoose a file from a different
folder. A file can be opened by selecting the file from the list and clicking at the
Open button. Doubleclicking at the ddsed file will both open that file and close
the dialog box. If the optiorauto openis activated, the selected files will be
opened automaticallyThe < and > buttons will open the previous or next file in
the list. The Play button will play back the selected file. In large file numbers
(more than 200), theUpdate button must be pressed to display the
created/modified dates and titles from the .WAV file chunks. Alternatively, one of
the currently visible files in the list calme selected to show these details. The
creation date is displayed only for files created by AVIREECORDER version
2.4b or higher. For all other files, the date of the last modification (file date) will be
shown.

If the optioncompressis activated, th silent sections within the sound files will
be removed (seBemove silent sectiongage73). The buttorc o mpr ess set t i |
launches a dialog bakat allows to setip the parameters for the compression.

File Open Settingse

This dialog box provides a few settings that influence how (fast) sound files will be
opened and displayed in the main window of AvissfSLab Pro. Tiese options
will certainly determine the efficiency when opening large sound files.

temp directory This edit box defines the directory used for saving temporary
files. By default (when this edit field is empty), the temporary files will be saved in
thedirectory<username>/Documents/Avisoft
Bioacoustics/Configurations/SASLab.

Processing of large sound files can be significantly accelerated by using a RAM
disk for the temporary files (then enter the drive name of the RAM disk here). Note
that the size oRAM disk must be large enough to hold tdmporary files.As a

rule of thumb, the size should be at least twice the size of the original sound file.
When using a RAM disk, it is also recommended to disable the following option
do not create a temporary pg (SASLab Pro would then automatically copy each
soundfile into the RAM disk).

do not create a temporary copy (limited undo !)

If activated, all editing actions will apply directly to the original sound file. This
will accelerate opening large souffites (because there is no additional copy
process required). So, use this option for viewing large sound files. Opening sound
files that are subject to editing might be risky because all actions will immediately
be applied to the original file (and notlpmafter executing File/Save).
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do not allow any editing

This option disables all editing commands. Activate this option if you want to
prevent any modification to a sound file. This option is automatically activated
when checking dohotc raetadvwe aopgteimpmoréary c

limit the initial view to the first xxx seconds

When opening very large sound files, the computer might require a significant
amount of time for displaying the waveform of the entire file. This option allows to
limit that delayby displaying only the first subsection of the entire file.

convert from stereo to mono
If activated, this option will automatically convert a stereo files to mono. Use the
Set t i mgtsndo select the desired settings.

sampling frequency conversion
This option will automatically resample the sound file. UseSheet t i buttps é
to select the desired sample rate.

remove silent sections (breaks)

This option will automatically remove the silent breaks within the sound file to be
opened. The silent sémhs are identified by an amplitude threshold comparison.
UsetheS et t i buttps ® seup the threshold and other parameters. Note that
this option cannot be combined with the optierassemble consecutive files.

Main window envelope display options

normalize envelope display See pagd>.

fast envelope display mode (amplitude samples only)

If activated, the envelope display is based on a few amplitude samples only. Sc
this option will speedip displaying large sound files. However, this kind of under
sampling may lead to incorrect diaps. So, if a complete aratcurateenvelope
display is required (for no missing sound events), this option should not be
activated.

Numbered event files created by AvisSSEECORDER
These options do only apply to sound files recorded Mwisoft-RECORDER.
add neighbour channels See pag82.

display voice notes

This option will displayany voice note .wav files that might accompany the
primary sound file. Lefclicking at the red rectangular labels will play them back.
The voice note files are common .wav files whose file names consist of the nam
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of the primary .wav file plus the speci

as voice note files.

re-assemble consecutive files
Use theSettings button to seup thisoption. See pag80. Note that this option
cannot be combined with the optioemove silent sections (breaks).

The Fast! button sets all options in such a way that the File Open command is
executed as fast asgsible.

Close
The currently loaded sound file is closed.

Save
Saves the currently opened sound file under the current name.

Save As... E

Saves the currently loaded sound file under a new file name. If iherenarked
section then you have to decide whether only the marked section or the whole file
should be saved. Besides the standard * WAV format you can save files in *.AU,
* SND, *.AlF or ASCII format.

Rename
This command allowsotrename the currently opened sound file. There a number
of options that can accelerate processing large quantities of numbered files:

Keep original name string : If activated, this option will keep the original
name string and insert the newly entestdng as a prefix only. This mode of
operation is recommended for processing numbered sound files that were recorded
with the Avisoft RECORDER software or other thihrty recording equipment.
Hide this dialog box : If the rename command is launched thlgb the menu
Rename by text module, this option will reject this dialog box in order to reduce
the number of keystrokes or mouse clicks.

Automatically proceed to the next numbered file : If activated, the
software will automatically open the next numbefitglonce the rename command
has been completed.

Create LOG file entry : This option will create a LOG file entry or send the log
information to Excel . Use theOG file/DDE settings button to define the log
file name and format and the optional DDE export
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A preview of the new filename is displayed at the bottom of the dialog box. The
rename command will also rename any related .kml or .gpx files (having the sam
file name).

Rename by text module / Define text module >

The Rename dialog box can alteimely be launched from the related menu
Rename by text module / Define text module, which will paste pralefined

text modules (such a species names for instance). The associated keyboa
shortcuts (by default F1...F12) can further accelerate the renamtiogdure. The

text modules can be defined by selecting one of the 12 sub menu items, enterir
the desired text string and then clicking at the Define as text module! button. The
Opt i Renamd by text module / Define text moduled Hidle dialog

boxd mu sdeactibated in order to access this dialog bbixe defined text
modules are also available through the Text modules menu or the -dxmxhbaf

the Rename dialog box.

If the option Paste text module into the first dXML field (instead of
renaming) is activatedand the dXME dialog box is launchethe text modules
will be pasted into the first dXML field and rename functionality is bypassed.

In case the number of the text modusé®uldbe larger than 12, it is possible to
add additionalones from the sub menuFile / Rename by text module /
Define text module / External text file. The commands el ect ext er
allows to select an external text file that contains the desired additional tex
modules. The individual text modules in this file shouldskeparated by CR/LF
(<new line>) control characters. If the optiddse external file : xxxx is
activated, these strings will be appended to Teet modules menus of the
File/Rename and thelnsert Label commands.

Record =
The Record command transfers sounds into the computer. A sound card or &
equivalent sound interface with MME driver must have been installed.

Use the commandFile/Sound Card Settings... to select the sampling
frequency, the number of used bits fiigitizing and the maximum recording time.
The sampling frequency should be accommodated to the signals to be recorde
The recording process is started by the commé&ild/Record’ or by pressing the

record buttor ® | A reattime spectrogram display winav will appear, while
the recording process is running. Recording can be canceled before the regular e

(defined inSound Card Settinydy pressing the stop buttc..- . Then, the
entire file will be displayed in the main window as a waveform display.chher
of the envelope turns to red if the soundcard was-matulated. In this case you
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should reduce the recording level and repeat the recording process to prevent
distortion of the recorded signals.

Real Time Spectrogram ﬁ
This menu option activates the Real Time Spectrograph window. (seé@ge

AN
Sound card settings e

This menu option allows adjusting the sound card settings. The sampling
frequencythe number of bits and the maximum recording time can be selected. . If
the option fADuration of Recordingodo is
after the specified duration has elapsed Otherwise, the recording process must be
stopped manually (it iV also stop after 2GB of recorded data).

Y

Note, that the sampling frequency should be accommodated to the signals to be
analyzed. The sampling frequency should be at least twice the maximum frequency
in the signal to be recorded. All signals above theuist frequency will be
removed, if there is an ardliasing filter on the sound card. If there is no anti
aliasing filter the signals above nyquist frequency will cause distortion in the
digitized signal and wrong spectrograms. Today all soundcardsdmeaboard
anti-aliasing filter due to the type of analb@digital converter (sigmalelta).

Note, that the sampling frequency influences also the frequency resolution that can
be obtained in spectrograms. Frequency resolution increases with decreased
sampling frequency.

I f the option o0Perform Sampling Frequen
sound file produced by the soundcard at the sampling frequency selected above is
re-sampled after recording has finished using the parameters set in the men
OEdi t o/ 0Sampling Frequency Conversion. .
generating sound files with sampling rates, not supported by the soundcard itself.

When the Soundcard settingsdialog box is launched from the rdahe
spectrogram, an additionabmbaobox, titled Downsamplingis displayed. This
option allows to further decrease the sampling rates supplied by the soundcard.
That may be useful for the analysis of low frequency signals.

The edit fieldOverload if sample>=determines, which samplemplitude will
activate the overload detecting mechanism.
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Playback -

The menu "File/Playback" and the butt - allow playing back the marked
section through the sound card. If there is no marked section, the whole visible dat

are played. Playback can be stopped be pressing the stop --1

Pl ayback settingseé
This dialog box provides a few optis for playing waveforms through the
computer soundcard.

other sample rate:

If this option is checked, the soundfile will be played at the selected alternative
sample rate. This would either slal@wn or speedp the playbackSelecting a
lower sample ri@ can make originally inaudible ultrasounds audible.

scroll:
If this option is checked, the playback will continue to the end of the file and will
not stop at the end of the currently visible section.

loop:
If activated, the sound will be played incmp until the stop button is clicked.

undersampl:

If this option is checked, the soundfile will be undersampled at the selected ratio
This option can be used to make originally inaudible ultrasounds audible, while the
playback speed is not changed.

Default!
The Defaultbutton sets all playback settings to their defaults.

device:
Select here the desired audio playback device if you have more than one playba
devices installed on your computer .

devi c e 0 owsehose thé&/specilic device.

multichannel mode:
If the currently opened soundfile has more than one channel, this list box allows t«
select which channels should be played. The following options are available:
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N of N : All channels will be played separately. This is the normal playback mode,
which will play a stereo file in stereo. Note that his might not be possible if there
are more than two channels.

1 of N : Only one of the available channels will be played. Tasireéd channel
number can be selected from the list box at the bottom of the dialog box. This
mode of operation corresponds to the individual playback bu™lnat the right
margin of the waveform displays of the SASLab Pro main window.

2 of N : Only two d the available channels will be played as a stereo stream. The
two desired channel numbers can be selected from the list boxes at the bottom of
the dialog box.

SUM : The sum of all available channels will be played through a single mono
stream.

SUM mix : Same as above except that the weight of each channel can be adjusted
on mixerstyle control bars.

Configuration >

These menu options support fast switching between different parameter settings.
The different settings are saved iparate configuration files (*.ini). The name of

the current configuration file is displayed at the caption of the main winBgw.
default, the configuration files (*ini) reside in the folder
<user>/Documents/Avisoft Bioacoustics/Configurations/SASLab.

Open...
Loads a previously saved configuration.

Save
Saves the current configuration.

Save As...
Saves the current configuration under a new file name (*.ini).

Reset
Resets the configuration to the default settings.

Save mode on exit >

Save current configuration automatically
When this option is checked, the current configuration will be saved automatically
each time the software is closed down.



29

Prompt
When this option is checked, the current configuration will optionally be saved
each time the softare is closed down.

Open mode on start >

Open last configuration automatically
When this option is checked, the last configuration used will be opened
automatically each time AviseBASLab is started.

Launch Open dialog

A file open dialog asking fothe configuration to be used will be displayed each
time AvisoftSASLab is started.

There are three command line parameters for SASLAB32.EXE that override the
configuration file modes described above. Note, that the keywords must be writte
in uppercase teers.

/INI=

The configuration file name (*.INI) specified behind this keyword will be used
instead of that specified by tlleOp en modsettimgsn st art 6
Example:

C:\ SASLAB SASLAB32.EXE /INI=narrow.ini

/ICFG=

The save and open modes for configurafites are saved in an additional higher
order configuration file. The standard file AVISOFT.CFG can be overridden by
this command line parameter. This allows you to prepare different open and sav
modes.

Example:

C:\ SASLAB SASLAB32.EXE /CFG=AVISOFT2.CFG

Another possible command line parameter is the file name of a sound file, whick
should be opened on program start. There is no special keyword required for thi
mode.

Example:C\SASLAB\SASLAB32.EXE demo.wav

Specials >
This sub menu contains special pweaommands for advanced actions.

Previous file
Opens the previous file according to the selection on tleenmand
Previous/ Next file command settingséeé
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Next file

Opens thenext file according to the selection on thkemmand Previous/Next

file command settingsé

Previous/ Next file command settin

Use this command to select the desired file order on the comrRagnisus/Next
file.

Auto Browse

This tool executes the command File/Specials/Next file at the specifiedval.
Click at theStart button to start the slide show and clickStbp to stop it. The
create spectrogram option corresponds to the comma#ndtions/On new
soundfile/Create Spectrogram, which will automatically create a spectrogram of
each file. Theauto scroll option will additionally launch the spectrogram
window command Auto ScrollTpols/Scroll/auto scroll), which allows to move
through the entire spectrogram.

Delete File
Deletes the currently loaded numbered file andames the following files. This
command is only available for numbered sound files (Txxxxx.WAV).

Recassembling settingsé

This dialog box allows to rassembe the numbered evdiles generated by
Avisoft-RECORDER (version 2.4 or later). The event files contain sapngleise
time-stamps that will be used to-oenstruct the original temporal structure of
successive events. All events that are closer than the specified tiameeper will

be packed into one single continuous file. This allows precise measurements of
inter-event -intervals. The optiorinflate breaks will insert the corresponding
number of samples between the single event files. If this option is not activated, th
breaks between the event files will be marked by short vertical red ticks on the top
of the waveform display (or the spectrogram in the spectrogram window). In that
case, the measurement cursors take the missing breaks into account and provide
temporal neasurements that correspond to the original time structure. If there are
larger breaks between the event files (that would produce large amounts of data), it
is strongly recommended to disable the option inflate bredk& command
Edit/ Comprewvs$ edE x(praensdteodr ed ti me struct ul
insert the removed breaks (silence) into the waveform.

Import-Format
Besides the standard WAViGrmat any ASCH or binary sound file can be read.
Because the information about tf@mat of foreign sound files cannot be taken
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from the fileheader, it is necessary to define this manually. This is done in the
menu "Import Format".

Format
Format of the samples:
1 Binary : Twos complement
1 Binary : Offset format
1 ASCI
1 Binary : Float 32it

Arrangement of bytes in 16 bit data:

1 Intel : 1st Byte is LowByte, 2nd Byte is HigiByte (standard on IBMPC)

1 Motorola : 1st Byte is HigiByte, 2nd Byte is LowByte (standard on Apple
Macintosh)

Range
Measurement range of the ASCII file. This valseused to transform the ASCII
data into binary format. This value should represent the maximum of the sample
in the ASCII file in order to maintain a good resolution of the WANME

Number of Bits
The number of bits of the samples in the sound fikxfected.

Mode

Mono : The sound file to be read is mono.

Stereo : The sound file to be read is stereo. Both channels are entered.

1 of N : The sound file to be read consists of several channels. Only one
channel is entered.

=a =4 =4

Number of channels [n]
The rumber of channels present in the sound file is expected.
(only valid on"1 of N")

Channel [1..n]
The index of the channel to be entered is expected. (only valid on "1 of N")

Header-Length [Bytes]
Sound files usually start with a header, which contaifarination about the saved
data. In order to skip this header its length has to be specified here. If a "Stari
String" (see below) has been defined, this value is interpreted as an offset related
the position of the stasdtring.
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Start-String
In somefile formats, the beginning of the data section is marked by a special
keyword, if the headdength is variable. By specifying the keyword the position
of this word is searched in the file. The value of the "He&dagth" is added to
this position. If tle data is followed the keyword immediately, the "heddmrgth
has to be set to zero.

Sampling frequency
The sampling frequency of the sound file to be read is expected (Unit [Hz]).

After the sound file format has been defined, the file can be loadég: imenu
"Open...". There the file format "Useéefined Import Format (*.*)" has to be
selected.

File properties

Shows file properties and statistics of the currently loaded file.

Add channel(s) from file

Adds one or more channels from a *WAV file into the current file. The duration
of the resulting multchannel file will be set to the minimum duration of both files.
So, the longer one will be cut to the size of the shorter one. Please note, that
* WAV files with more than two channels are unusual and playback of such files is
not possible. Other sousfocessing applications may have problems to read these
files. This option was implemented in order to enable time of arrival measurements
between rare than two channels.

Remove channels
Removes one or more channels from a multichannel file. The channels that you
want to keep in the new file must be checked.

Add neighbour channels automatically

If this option is checked, othemeighbor channels generated by the Avisoft
RECORDER software will be added automatically each time one of these files is
opened. This option is intended for analyzing multichannel (in sync) recordings
consisting of several mono files with identical filemas located in neighbored
directories.

Swap channels
Swaps left and right channel in stereo files.

Insert .wav file
Inserts a .wav file at the current inserting point.
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Append .wav file
Appends a .wav file to the end of the file.

Join .wav files

This canmand will join several .wav files into a single file. The launched File
Open dialog box allows to select multiple files by pressing the shift key. The order
of the source files in the resulting file will be determined by the order at which the
files havebeen selected (the current order is shown in reversed order in the File
Name edit box). The resulting soundfile will contain labels that indicate the
starting points of the original source files. The resulting sound file (that is
temporarily waavme)d niusoti nbd. saved fro
command.

Join .wav files from a playlist

This command will join several .wav files that are listed in a playlist file (.TXT
files created by AvisofRECORDER or common M3U files) into a single .wav
file. Thelaunched File Open dialog box allows to select a playlist (.txt or .m3u).
The resulting soundfile will contain labels that indicate the starting points of the
original source files. The resulting sound file (that is temporarily named
ijoined. waswaw)edmdgstombd he Fil e/ Save As.

UltraDoundGate DIO

The UltraSoundGate DIO commands support editing the least significant bit of the
16 bit audio samples. This leactive bit is available at the digital TTL output jack
on the AvisoftUltraSoundGatePlayer. That control channel can be used for
control applications, that require switching external devices synchronous to the
sound output.

Reset : Resets the DIO bit on the currently marked section.

Set : Sets the DIO bit on the currently marked section

Set from section labels : Sets the DIO bit for all section labels.

Invert : Inverts the DIO bit on the currently marked section.

If no section is marked, the commands will apply to the entire file.

Display DIO state : If this option is activated, the DIO state will be displayed at
the bottom of the waveform display.

Shred into numbered files...

This command copies the currently loaded file into several smaller numbered files
The file name of the first file is TOO001.WAV. These files will be copied into
the specified base directory. The input fiéld duration specifies the duration in
seconds of each file (the last file may be shorter). Thefileldverlapdetermines,
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how many seconds, consecutive files wiNerlap. The original file remains
unaffected.

Envelope

Save Envelope Curve
Saves the envelope curve visible in the main window according to the current
export parameters as a BMike.

Copy Envelope Curve
Copies the envelope curve visible in the main window into the clipboard.

Envelope Curve Export Parameters
Here you can determine the appearance of envelope curves (waveforms) to be
exported. The followingharacteristics can be influenced:

Frame: The envelope curve is displayed inside a frame supplied with time axis
labels.

0.5 1 1.5 2 2.5 3

Time Axis relative: If the frame is activated it can be determined if the time axis
should be related to the beginning of the Bigp

Time Scale: If no frame is activated you can enable a time scale below the
envelope curve.
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High Resolution: The envelope curve is exported with higher resolution
compared to the screen display.

Launch separate Curve Window
This commandaunches a separate curve window for more detailed measurement
and advanced export facilities

Real Time Spectrum
This menu option activates the Real Time Spectrum window. (se€lfépge

Donét wor k oapenedowav less o f

If this option is activated, all editing operations will be made on the original file
(not on a copy of it). This will accelerate opening lardesfi However, because
editing is applied to the original file, care must be taken not to cause unwante
modifications to the sound file. With this option activated, the command File/Save
is not required. For files other than .wav, this option has no effect

Georeference .wav files

This command allows to link .wav sound files (that have been recorded in the fielc
by using a soliestate or hard disk recorder) to the geographic coordinates acquirec
by a GPS receiver. This is done by comparing the-Stampinformation stored in

the sound files with the track log or waypoint data collected by the GPS receiver
The track log and waypoint data must be provided in the universal GPS exchang
format (.gpx)or the NMEA format (.txt) Most handheld GPS receivers r(fo
instance Garmin, Magellan or Holux GPS data logger) provide software tools for
exporting their track data into such .gpx files. The results of thelagadion
procedure are saved as waypoints or tracks into aagpkml file, which can be
displayed fo instance on Google Earth. The names of the waypoints and tracks
refer the corresponding sound files. This enables a quick overview on the location
at which the individual sound files have been recorded.

For a successfigeoreferencingrocedure it isnecessary that the internal clock of
the recorder is set precisely to the GPS time and that the GPS receiver is set to t
automatic track log mode. Alternatively, waypoints could be saved manually at
each location at the time of recording.

Input

.wav file directory:
Enter or select (through tiée button) here the directory that contains the recorded
.wav files.The directory can alternatively be selected by dragging one of its files
into the dialog box.
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.wav file time stamp options

use the date created / date modified as time stamp if there is no BWF
(bext chunk) OriginationDate

This option allows to select the time stamp source that should be used for the
analysis if there if there is no time stamp in the file BWF .wav file hedfdtdre
selected .wav files still reside on the original digital media (the CF or SD card of
the recorder), then you might use both options. However, if the files have been
moved to another media (computer harddisk), the date created usually represents
the date at which the files were copied. So, you have to usddte modified

option in this case. The software will automatically take the file duration into
account, so that the file start time can still be estimated properly.

recorder time zone:

Enter hee the local time zone offset (+ daylight saving time offset) of the recorder
clock in order to match the recorder time to the GPS UTC time. In case the file
system of the recorder already takes the time zone offset into account, select the
zero offsetopton A GMT O .

Time stamp correction:

In case the recorder time has not been set properly or if the local time of the
recorder does not match the GPS time, it can be corrected here. The entered hours,
minutes and seconds are added to the ,wav file time stzafgre they are
compared with the GPS log. It is therefore allowed to enter negative values.

Time stamp tolerance:

The time stamp tolerance defines the maximum time interval that is accepted
between the sound file time stamp and the nearest track log Eitérs with time
stamps that do not meet this criterion will be ignored.

GPS Waypoint / Track Log File (.gpx or NMEA .txt)

Select here the track log file from which the time stamps and GPS coordinates
should be taken. Supported file formats are the @R®ange format (.gpx) and
NMEA 0183 formatted text log files (.txt). The NMEA option currently supports
only the $GPRMC sentenceThe track log file can alternatively be selected by
dragging it into this dialog box.
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Output

GPS Waypoint / Track Log File

Enter here the destination .gpx or .kml file name into whichgea@referencing
results should be written. The desired file format (.gpx or .kml) can also be
selected from the corresponding list box.

create individual log files for each .wav file

If this option is activated, an individual log file will be created for each .wav file.
Except of the file type extension, the file and path names of the log files will be the
same as the corresponding .wav files.

create track if distance > xxx m
If the position changes while recording a sound file by more than this limit, a track
representing the path of the moving recorder will be added to the .gpx file.

add additional waypoints at xxxx sec intervals
This option will create adtional waypoints along the above track in order to
simplify the orientation within the .wav file.

Add additional HTML links to the .wav files

This option (only available with .kml output files) will add direct HREF links
pointing to the .wav files. Theriginal pathname of these links can be replaced by
a userdefined path (or an URL pointing to a website).

write GPS stamp into .wav file header (GPS chunk and bext Desc)

This option will save the determined GPS coordinates (and GPS time) also into th
healer of each .wav file. The information is saved both into the application
specific 6GPS 6 chunk (t HASLabdPw software) y
and the Description field of the BWAV bext chunk. If there is already a
description, the GPS inforniah will be appended. If the .wav file does not
already include a bext chunk, then it will be appended to the end of the file.

launch GIS application

If activated, the program will run the specified GIS (Geographic Information
System) application with the resulting .gpx/.kml file as a commandaligement

One possible program would be GoogleEarth, which can (in the current versior
5.1) however only ogn .kml files as a command limegument .gpx files must be
insteadopened separately.

Default! This button sets all parameters to their defaults.

If the program cannot find any track log entry that matches the calculated UTC
time stamp of a particulawav file, then a log file is launched that lists the UTC
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.wav file time stamp (calculated from tbeginal .wav file time stamp, the selected

recorder time zone and thetime stamp correction) and the type of time

stamp usé (6cread = datreo mcrteiaet efdi |tea kseyns tfe m,
modi fied taken from the file system, 6b
(bext) file header). Thisnformation can help tproperlyadjust thetime zone and

time stamp correctiosettings

Edit title
Launches amdit box for inputting a title for the sound file. This title will be saved
into the .wav file header and may be displayed on the spectrogram images.

New Instance
A new instance of Avisof§ASLab Pro is launched. Multiple instances of the
program can based to process several sound files simultaneously.

Marking time sections

A subsection of the loaded sound file can be marked by clicking at the desired start
point and dragging the cursor to the end point. Once a seci®mmirked this

marker can be resized by dragging the margins of the section. The whole marker

can be shifted by clicking inside the marked section and dragging it away.
Removing of the mar kerTocoalns obhed Rieannesr eb WMart
The parametersf the marker (t1: begin, t2: end, dt: duration) are displayed in the

unit seconds on the right of the window.
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Analyze
Create spectrogram

The optional spectrogram overview display in the main window is onlydetkn

for better navigation through the sound file. For this reason there is an extre
window for spectrogram display. Inside this spectrogram window spectrograms
can be exported to other applications or spectrogram structures can be measured
different cusors.

After marking the desired section for spectrogram display you can start
spectrogram computation by the menfinélyze/Create Spectrogram. If no
section is marked, a spectrogram of the entire sound file is generated. Note that th
procedure may taka very long time, depending on the file size and the parameters
selected. The parameters for spectrogram generation can be defined in the me
"Analyze/SpectrogramParameter”.

Spectrogram-Parameters L)

The spectrograrmparameters determine the resolution [ifyctregram Parameters

time and frequency axis. The frequency resolutigriewer feekin

. . . FFT length (286 =
(corresponding to the filter bandwidth of analogule F,ames‘:[mn = | ==

spectrographs) is determined by the sampling v fare < [ Fee.
frequency, the FFT length, the frame size and {hess v 220t

window type. The banidth of a spectrogram should = x cstions: (10
be adapted to the signals to be analyzed. The inverge Bfoareciin

Owerlap [%]: |75 -

uF

:

f

the bandwidth determines the temporal sensitivity of the s omsme [ widn
spectrogram. Moo, 6 [Soly
take charnel #1_~]
The following parameters can be influenced: peak feg. nfrpol: [nane
Paost-processing
) enlage image by - (1] (e | N
Frequency Resolution smocth mage Detau
| enable waveform editing
FFT Length

Onehalf of the selected value corresponds to the spectrogram height. High value
result in high frequency resolution and low time resolution. For normal
applications an FFT length of 256 points should be used. The usage of 1024 poin
is only useful if a hig-resolution display driver (1024*768) is installed.
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Frame size

The frame size determines the percentage of the FFT

length that is actually used for the spectrurM\
computation (zergpadding). Low values will result

in a higher time resolutionThis is accompanied by

lower frequency resolution. A frame sizeldf0% is /\
recommended for normal applications.

\ »
zero padding
Window J \__~

The evaluation window determines the suppressien

of the unwanted spectrum®di stortion (so
| obes 0 agsdriated wahrthe analysis of stationary signals) and the analysis
bandwidth. The available window types are Rectangle, Hamming, Hann,
Blackman, Bartlett (triangle), FlatTop, KaiserBessel and Gauss.FEi€op or

Hamming windows provide the best results most cases. The FlatTop window
provi des a -pabslfiket charaotgristic thaa in ideal for taking precise
magnitude measurements.

\ dB

10
0.8
0.6
04

Rectangle

Hamming

Hann

24 6 & 10 kHz
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\% dB
08 -20
0.6 -40
Blackman 0.4 60
0.2 -80
0

Bartlett

2 4 6 8 10 kHz

. 2 4 6 8 10 kHz

\Y dB

10
0.8 -20
FlatTop 82 :gg:
0.2 -804

0

2 4 6 8 10 kHz

Y dB
10 04
. 0.8 -204
Kaiser- 0.6 -401
Bessel 04 -604
02 .80/

0 —

2 4 6 8 10 ms 2 4 6 8 10 kHz

Y dB

10 04

0.8 -204

0.6 -401

Gauss 3.0 04 60
02

0 -80

Bandwidth

The bandwidth depends on all three parameters (FFT length, Frame size, Windov
and the sampling frequency of the sound file. In contrast to the resolution, the
bandwidth is the true physical filter bandwidth, whichusually larger than the
resolution.

Resolution

The frequency resolution depends on the FFT length and the sampling frequency «
the sound file. In contrast to the bandwidth, the frequency resolution correspond
to the height of one pixalf the spectrogram (frequency bin width = sample rate /
FFT length).
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" 1/bandwidth
2|7 - N
\

bandwidth

_J frequency

| j resolution
—{l— f

temporal «— dimensions of a single
resolution spectrogram pixel

LPC

The LPC option activates an additiomahearPredictionCoding procedure that is
applied to the waveform before calculating the spectrogram. The LPC analysis
option creates a smooth spectral envelope that indicates the major energy peaks. In
primate vocalization analysis, it can help to track the formant characteristic. The
number of the predictiomoefficients determines the accuracy of the resulting
smooth spetral envelope. The implemented LPC algorithm is based on the least
square estimation technique by using autocorrelation.

peak-to-peak amplitude

This option determines the brohdnd peako-peak amplitude within the FFT
frame and outputs this amplitudé the frequency bin that corresponds to the peak
frequency of the FFT spectrum. All other frequency bind of the spectrum will be
set to zero. Use this option to measure the amplitudes of very short pulses that
would otherwise be averaged out (rejected)iayFFT.

Temporal Resolution

Overlap

The spectrogram is generated by repeatedly computing of spectra of a sliding
window through the time data. The overlap is the step width between two neighbor
spectra. Rising overlap values result in higher time resolutions. An overtd)y/of

is recommendedor most applications. Note that high values for overlap do not
increase the visible information in the spectrogram if the frame size is not reduced
in an equivalent way. The relation between frame size and overlap is displayed
graphically on the top ohe window.

1/Bandwidth
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This is the reciprocal of the bandwidth or time constant.

Resolution

The temporal resolution is the width of a pixel of the spectrogram. The true
physical time constant may be different (depending on the selected parameter:
from this resolution.

fix

When this option is activated and the FFT length parameter is modified, the
Overlap parameter will be altered automatically in order to keep the temporal
resolution fixed.

peak freq. interpol.

The peak frequency detection in the spegtam window is based on a maximum
search on the spectra. In order to increase the precision of the peak frequenci
beyond the spectrogram resolution, an interpolation algorithm is used. This
parameter determines the number of points used for inteiqroldthe option none

will inhibit the interpolation, which means, that the peak frequency resolution is
equal to the spectrogram resolution. The option auto will select the optimal numbe
of interpolation points for a given bandwidth.

take channel #
In multi-channel files, this option determines, from which channel the spectrogram
will be generated. In stereo files the left channel is channel # 1.

Post-processing

The following optional posprocessing procedures are applied to the spectrogram
generated usp the parameters selected above. They do not increase the frequenc
or temporal resolution. The enlarge and smooth option can be used to improve th
appearance of printed spectrograms.

enlarge image by
The spectrogram image is enlarged by the specifezlor. This option is
equi valent to the menu O0Tool so/ O0Enl ar

smooth image
The spectrogram image is smoothed. This option is equivalent to the ment
0Tool so0/ 0l mage Filter: Averageo in ¢t

enable waveform editing
This option enables the use of the spectrogram window command Tools/Remov
erased spectrogram sections from waveform.
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Window
This button will show a detailed graphical display of the selected Evaluation
Window.

Selectivity

This button wil show a detailed graphical display of the frequency selectivity of
the selected Evaluation Window.

Apply

Use this button to realculate the spectrogram using the current settings without
closing the dialog box. This may accelerate the process of finttiagbest
parameter settings.

Default
Sets the standard values for each parameter.

Spectrogram Overview E

For better navigation through the loaded sound file a spectrogram can be displayed
below the envelope curve display time main window. This spectrogram can be
activated by the menu "Analyze/Overview" or the button. Note that displaying the
spectrogram needs more time for redrawing the window than without it.

Overview Parameters E

The menu Analyze/Overview-Parameter' can be used for selecting the display
parameter of the overview spectrogram. It can be chosen between black&white and
color display. In black&white display mode the threshold for spectrogram display
can be adjusted. In color medhe intensity of the spectrogram can be adjusted.
This is done by inputting a numerical value between zero and hundred or by
shifting the vertical scroll bar. In color mode you can select different color tables
and gradation tables.

The frequency resdlion of the spectrogram can be defined by the following
parameters:

1 FFT Length (One half of this value corresponds to the spectrogram height.),

1 Frame Size (Defines the percentage of th& Eength that is actually filled
with the waveform data.),

1 Evaluation Window (Determines the suppression of spectrum distortion.
Hamming window is the best choice in most cases.).
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These parameters influence also the timasolution of the spectrogram. Higher
frequency resolution is accompanied with lower time resolution. Time resolution is
also influenced by the current window size and the zoom adjustment.

The combebox titledy-scale enlargemergllows enlarging the-gimension of the
spectrogram.

In large sound files displayed at a low temporal resolution, the dééstlmode
option will only display selected sample spectra out of the large file (with regular
gaps between them), which means that short sounds may be hidden on tt
spectrographic overview display. If this option is unchecked, a continuous
spectrogram is internally calculdte{which may be timeonsuming) and the
spectral envelope will be displayed on the screen.

Apply spectrogram window parameters
Applies the spectrogram parameter settifigsluding FFT overlap)nade for the
spectrogram window to the main window overview display

Normalize Envelope Curve

This menu option controls the scaling of the envelope curve displayed in the mai
window. If this option is checked the envelope curve is fitted into the display
window. This allows better observation of soft sound signals. Please note, that th
sound fie itself will not be influenced.

Show Y axis grid
This option enables an Y axis grid and the associated labels.

Frequency cursor
This option ativatesa horizontafrequency cursor for measuring frequencies.

Step waveform display mode

This option enables the step display mode on the (high temporal resolution)
graphic representation of the waveform:

activated: MWW
not activated: MAWW
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Fast Envelope Curve display
Toggles between fast and correct envelope curve display. If this option is checked,
thedisplay is completed faster. However, in large files ursdanpling may occur.

Time axis format
TheTime Axis Formatlialog box allows to define the format of the time axis:

show sample index instead of time units : If this option is activated, the x
axis will show the sample index instead of time units [s].

hh:mm:ss.sssss :This option activates the clock time display mode
(hh:mm:ss.sssss) instead of the continuous display mode in seconds (SSSS.SSSSS).

absolute clock time : In the clock time displaymode (hh:mm:ss.sssss
activated, this option adds the absolute time of diwye to the time scaleThere
are a number of options for getting this absolute 4rfhday offset:

time file created : The time offset is taken from the file systedwste creation
entry.

time file modified : The time offset is taken from the file systedae modified
entry. Note that the absolute precision of the time offset will be limited by the
available resolution of the file created/modified time and the properties of the
recording device.

Broadcast WAVE bext origination time : The time offset is taken from the
Broadcast WAVE bexthunk rigination timeentry).

Broadcast WAVE bext timecode : The time offset is taken from thigroadcast
WAVE bext chunk {ime reference atimecode).

RECORDER software time stamp : The time offset is taken from the custom
.wav file header entry created by the Avisoft RECORDER software. This option
ensures a sampf@ecise time scale within a single monitoring session.

LANC time code on USG DI (LSB) : The time offset is taken from a serial
LANC time code signal that is stored on the USG DI track of the .wav file
(recorded by using one of the UltraSoundGate units). This mode of operation
requires that the LANC time code provided by a camcdnderbeen recorded into
one of the DN inputs of the UltraSoundGate. This setup allows to precisely
synchronize the .wav file with video recordings. The LANC signal is providesd by
number of SONYcamcorders on their LANC sockéwhich is usually a 2.5mm
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stereo TRS connector or in newer model$0gpin A/V terminal jach. Note that
not all models actually provide valid time stamps on their A/V jatks signal can
be fed into the UltraSoundGate DI input by using a custwade interface cable
that has a-ole 2.5mm TRS plug at one er(@vith the ring pinleft unconnected )
and a 2pole 2.5mm TS plug at the other en8uch a cable is available from
Avisoft Bioacoustics

SMPTE timecode on an analog channel, SMPTE timecode on USG DI
(LSB) The time offset it taken from @MTPE timecodsignal that is stored either
on an analog channel or on &8G DI track.A suited SMPTE to USG DIN
adapter cable is available from Avisoft Bioacoustics.

clock reference pulses on USG DI (LSB) : The time offseis calculated from

the number of reference pulses on tH&G DI track It is assumed that the interval

of the external reference pulses is equal to one of the following values (allowing ¢
deviation of +10% relative to the internal sample clock):

1s, 5@ms, 250ms, 100ms, 50ms, 25ms, 10ms, 5ms, 2.5ms, 1ms

The detected interval will be displayed (expressed in pulses / sec) in this dialog bo
once the OK bhutton has been clicked. The optisimg slope will use the rising
slope (lowhigh transition) insted of the default falling slope (higlow transition)

as the reference point.

channel : This list box defines .wav file channel from which he LANC or SMPTE
time code signal is taken.

ADC pipeline delay . Some analogo-digital converters (such as thosethe
UltraSoundGate product familty) introduce a pipeline delay relative to the digital
inputs, which can be compensated here. The edit field allows entering the pilelin
delay expressed in the number of samples. In the UltraSoundGate hardware, t
delayis usually 20 samples.

One-dimensional transformations

This menu supports additional display options and transformation types of the
marked sound file section. The results of these transformations will be disptayed
a separate curve window. The following functions are available:



48

Time signal

The fine structure of the time signal is displayed. This display allows in contrast to
the envelope display inside the main window a higgolution observation and
measuring of time signals.

Amplitude spectrum

The magnitude spectrum -(nit [V]) of the marked section is computed. The
resolution of the spectrum is proportional to the length of the marked setdiug.
term spectrum)

M Power-spectrum [logarithmic) [_ o] =]
Eile Display Edt 7

Power spectrum (logarithmic) P,
The power spectrum {ynit [dB]) of the marked J_|JJ
section is computed. It is referenced to the RI i ‘ i :
amplitude (3 dB below the peak amplitud&he "‘”i ”””” I I
phase spectrum option will add the phase ‘ -
spectrum in rad units and the additional opti AR B i i WM
unwrap phase compensates the original phas ™1 [ R A I L
spectrum jumps in order to provide a smoc
phase spectrum

#l= 3E58kHz yl1= -23822 dB
#2= 7.344kHz y2= -BEE17 dB
de= 3EBEkHz dy= -42.995 dB

Copy curve-window into clipboard (wWF-format).

Power spectrum (averaged)

The power spectrum {ynit [dB]) of the markedection is computed by averaging
aseriesofshot er m FFT6s (50% overlap). It i
(3 dB below the peak amplitudellse this option instead of the aboveo{ver
spectrum (logarithmiq) if the time inerval is very long (more than several
seconds).

Power spectrum (spectrum level units)

The power spectrum {ynit spectrum level, SPL [dB]) of the marked section is
computed. The SPL power spectrum is distinguished from the standard power
spectrum by the term10 log (Bw): SPL= BL -10 log(BW), where BL is the band
level of the standard power spectrum components and BW is the filter bandwidth
in Hz. The spectrum level representation is useful for evaluating noise signals
because the measurements are independent of the analydigidhth (the numbers

are normalized to an analysis bandwidth of 1 Hz).
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Power spectrum (level units, averaged)

Same as above except that the spectrum is calculated from a series of overlapp
shortt e r m ME$eThé dption instead of the abafehe ime interval is very

long (more than several seconds).

The selectable fAEvaluation windowo w
(except of the 6éaveraged6d options).
signals close to the margins will baderestimated and signals in the middle will

be overestimated. Therefore, for analyzing single pulses (with silence before anc
after the analysis section), the fRe
prevent any kind of distortion, which may accwhen using one of the other
window types. The other nemectangle windows should only be used if there is no
silence around the margins of the marked section.

The Amplitude and Power spectrum options provide an additioR@l analysis
option. The LPC option activates an additionainear Prediction Coding
procedure that is applied to the waveform before calculating the spectrogram. Th
LPC analysis option creates a smooth spectral envelope that indicates the maj
energy peaks. In pnate vocalization analysis, it can help to track the formant
characteristic. The number of the predictanefficients determines the accuracy

of the resulting smooth spectral envelope. The implemented LPC algorithm is
based on the leastjuare estimation technique by using autocorrelation.

Octave Analysis

The octave spectrum-ynit [dB]) of the marked section is computed by using a set
of (FIR) octave filters complying with the ANSI S1:2004 standard. The output

of the filters is linearly averaged and represents the mean RMS levemifhe
center frequency [Hz] list box defines the lowest octave filter. The maximum
filter center frequency is determined by the sample rate of the sound file. The
optioninclude total band power adds the RMS level of the unfiltered signal to
the end of the octave spectrum.

Third-Octave Analysis

The thirdoctave spectrum ¢unit [dB]) of the marked section is computed by
using a set of (FIR) 1/3 octave filters complying with the ANSI SP2004
standard. The output of the filters is linearly avexdh@nd represents the mean
RMS level. Themin center frequency [Hz] list box defines the lowest third
octave filter. The maximum filter center frequency is determined by the sample
rate of the sound file. The optionclude total band power adds the RMS leel

of the unfiltered signal to the end of the thodtave spectrum.
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Autocorrelation
The autocorrelation function (ACF) of the marked section is computed. The ACF
supports the recognition of periodical or correlated componentsignal.

Cepstrum

The Cepstrum of the marked section is computed. The Cepstrum is computed by
determination of the inverse FFT of the logarithm of the power spectrum. Cepstral
analysis supports the separation of several multiplied signapbaoents (for
instance in human speech).

Cross-correlation (stereo)

The cross correlation (CCF) between the left and right channel of the marked
section of a stereo signal is computed. The CCF can be used for recognition of
correlatons between two channels. By using of two separated microphones the
time delay of a noise signal can be determined by searching the maximum of the
CCF.

Cross-correlation (2 files)

The cross correlation (CCF) between the marked seetnd the contents of the
clipboard is computed. This requires, that the clipboard has been loaded with the
signal to be compared (MerieDIT/COPY. This kind of CCF can be used for
observation of similarities between two sound files.

Transfer function (2 stereo channels)

This menu allows the determination of the frequency response of a system using
Fourier transformation. The system input has to be supplied with a white noise
signal. The left channel of the sound card has to be connected with the system
input. The right channel has to be connected with the system output. After data
acquisition is finished (a few seconds are sufficient) and a section has been marked
the computation of the transfer function is started. Note, that the marked block
must be loger than the selected FFT size. If the marked section is longer, than
several frequency responses are averaged. This will increase the precision, but the
computing time is rising. This computation method of the frequency response
delivers exact results onkt those frequencies, where the magnitude of the input
signal is high enough. For this reason, those spectral lines of the frequency
response that don't exceed a threshold within the input spectrum are suppressed in
the display window. This thresholdrche changed by the slider on the right of the
display window. This method of displaying allows using test signals, which don't
have a continuous spectrum. You could use a rectangle signal, where you can
obtain valid values only at the frequencigs3fq, 5f, ... .

Because of the algorithm used ( |G(f)k'315)|/|§(x(f)| ) the frequency response is
precise even if there are noise sources within the system.
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Frequency response, sine sweep mono

This command computes the frequency response of a systemafgine sweep

test signal passing the system. It is assumed, that the test signal (sine wave wi
varying frequency and constant amplitude) is fed into the input of the system
without distortion. The sine sweep altered by the system is then analyzed b
corsecutive shoftt i me FFTOs. The maxi mum ampl.i

maximum are extracted from each block. The result is a frequency response plc
showing amplitude against frequency. The plot is normalized relative to the
maxi mum amplialudat i olnhewiodnkvo wb deter
amplitude measurements. The FlatTop window is recommended for optimal
results. The FFT size determines the precision of frequency measurements. Hig
values provide more precise frequency values. However, higies/avill reduce

the number of amplitude samples (each FFT block supplies one amplitude sample
which requires longer and slower frequency modulated test signals. An FFT size ©
512 in conjunction with a test signal sweeping from 0 to the nyquist freguenc

within 20 seconds is recommended. The sine sweep test signal can be generat
using the command Edit/Synthesizer/dialogue.

The Increment listbox defines the frequency axis sampling method. The default
option adaptive will create a sample for each of the FFT spectra, while the other
frequency options will output only provide a limited number of samples depending
on the selection.

Frequency response, sine sweep stereo

This command computes the frequency responsesystem from a sine sweep
test signal passing the system. In contrast to the command above, the test signal
sampled at both input and output of the system (using left and right channel of :
soundcard). The amplitude samples taken from the output aedildy those
taken from the input. This method eliminates eventual precision degradatior
caused by nonlinear test signals (varying amplitude depending on frequency)
Therefore this command should also be used, if it is impossible to feed the tes
signal irto the input of the system without frequency response distortion. In case
the amplitude of the test signal is decreased by the system dramatically, a
additional amplifier might be necessary. For parameter settings see the commar
Frequency response, siseveep monalescribed above.

Histogram
The histogram of the samples occurred inside the marked section is computed. Tt
number of classes can be defined in dependence of the sound file resolution (bi
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count). The histogram display can bsed for the evaluation of the quality of the
analog to digital converter.

XY Plot
The amplitudes of two channels are plotted against each other.

XYZ Plot
The amplitudes of three channels are plotted against each other

Impulse Density Histogram

The time intervals between short signal impulses are displayed in a histogram. The
detection of the signal impulses is done by a threshold comparison of the envelope
of the time signal. For the adaptation of the algorithm to ttpeasito by analyzed
several parameters can be adjusted:

Threshold:
The threshold is defined as a percentage of the maximum of the envelope. If the
envelope exceeds the threshold, an impulse is recognized.

Delay:

Because the signal impulses have certairation and the multiple recognition of

the same impulse is undesired, a delay time is required. When the beginning of an
impulse has been recognized, no further impulse is recognized for thetidetay

even if the threshold is exceeded. The delay shbela little bit longer than the

maximum impulsevi dt h t o prevent mul tiple recog
Note, that close impulses cannot be recognized if the delay is too long!

Resolution:
The resolution determines the time raster for the acquisition of the impulse density
histogram.

Impulse Rate

The time intervals between short signal impulses are displayed. The detection of
the signal impulses is done by a threshold comparison ofrtfeedignal. For the
adaptation of the algorithm to the signal to by analyzed several parameters can be
adjusted:

Threshold:
The threshold is defined in percent of the maximum of the envelope. If the time
signal exceeds the threshold, an impulse is recedr(gope based).

Delay:
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Because the signal impulses have certain durations and the multiple recognition c
the same impulse is undesired, a delay time is required. When the beginning of &
impulse has been recognized, no further impulse is recognizedefatelaytime,

even if the threshold is exceeded. The delay should be a little bit longer than th
maximum impulsevidth to prevent multiple recognitions of the same impulse.
Note, that close impulses cannot be recognized if the delay is too long!

Lorenz plot

The Lorenz plot (also called phase space display) displays the time interval
between three consecutive pulses in a 3D display. This kind of display may be
useful for evaluating the randomness of pulse intervals. In constant pulse rates tt
Lorenz pot will display all pulses at the same location. In constantly rising or

falling pulse rates, the pulses will be displayed along a straight line in 3D space. |
the pulses are more randomly spaced, the consecutive pulses will be displayed
larger distanes from each other within a larger cloud in the 3D space. The
algorithm for the impulse interval measurement is the same as described for th
Impulse Ratdéunction above.

Envelope (analytic signal)

The envelope of the marked section @nputed. This is done by the analytical
signal method using Hilbert transformation. This method allows a more precise
result as the envelope display in the main window.

Instantaneous frequency

The instantaneous frequency tiie marked section is computed using the
analytical signal method with Hilbert transformation and differentiating filter. The
duration of the marked section is limited to 65536 samples.

For isolation of separated signal sections the instantaneous frggaeatisplayed

only if the envelope of the signal exceeds a certain value. This threshold is define
in percent of the maximum value of the whole envelope. The scroll bar on the righ
of the curve window allows the adjustment of the threshold.

Especially 6r analyzing of fast changing sksggnals this method is advantageous
compared to a spectrographic representation.

Zero-crossing analysis

A zerocrossing analysis of the marked section is carried out. The duration of the
marked section is not limited. The paramed®asolutiondetermines the temporal
resolution of the output curve. The cordbox Average ovemllows selecting the
method of averaging. By selecting the first entry (which corresponds to the
Resolutionedit field), the zerecrossing measurement will be averaged over that
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time. By selecting one of the following entries (x cycles), the measurenilebew
carried out over the specified number of cycles. In that case an appropriate
Resolutiorvalues should be chosen, so that temporal details will not be lost.

The implemented zerorossing algorithm uses linear interpolation to increase the
frequencyresolution.

For isolation of separated signal sections the -zewesing analysis is displayed
only if the envelope of the signal exceeds a certain value. This threshold is defined
in percent of the maximum value of the whole envelope. The scroll baeaight

of the curve window allows the adjustment of the threshold.

Root mean square (linear) / (logarithmic)

The root mean square of the marked section is computed. The desired averaging
time can be defined in the edit field "Awaging time". You can select the standard
values FAST (125ms) or SLOW (1000ms) using the push buttons F and S. The
option field "exp." determines if the averaging should be done exponentially
(recursive) with the specified averaging time as time constamtrithmetically

over the averaging time. The root mean square can be displayed linear or
logarithmic. For sound level measuremeintslB the logarithmic root mean square
should be used.

Envelope

The amplitudeenvelope of the marked section is computed. This is done by the
following algorithm: The envelope follows the rectified waveform when its
amplitude increases. When the input level falls, the envelope decays with the
specified time constant, which will loige valleys of the signal. The time constant
should be adapted to the signal to be analyzed.

Gate function

This function can be used to analyze the temporal pattern of sounds. The amplitude
envelope (see function above) is compared to a threshold lewelgdte function

will be 1 where the amplitude envelope exceeds the threshold, and it will be zero
elsewhere. The threshold is specified in percent of the maximum amplitude
(measurement range). In order to tolerate short amplitude gaps or noise bursts, the
gate function output will only change when the internal state of the gate function is
stable for a predefined minimum time interval (the Delay parameter). For proper
operation, the Delay parameter must be smaller than the minimum total duration of
the pukes. The Delay parameter will also influence the time resolution of the gate
function.
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Gate function (signal/silence duration)

This function is similar to the gate function above. The only difference is the
format of the output. In contrast to the abowegfunction that represents the
output as a timeontinuous sequence of ones and zeroes, this option returns the
durations of the signal events and the preceding silent periods-Vdlaes (pulse
durations) are positive for signal events, and negativesifent periods between
signal events. So the output is an alternating sequence of positive event duratiol
and negative inteevent durations, where theaxis represents the index of the
events.

Gate function (interpulse interval)

This function is sirlar to theGate function (signal/silence duratiorgxcept that it
provides the total time intervals between the beginnings of consecutive pulse
(interpulse interval). This function is comparable to litm@ulse ratefunction that

uses a simple amplitudbreshold instead of the more complex gate operation for
measuring the interpulse intervals.

Pulse Train Analysis

The Pulse Train Analysis option allows measuring the temporal parameters o
waveforms automatically. Thémcludes both simple counting of sound pulses or
calls and even more complex measurements as interpulse intervals and pulse gro
analysis. There are various envelope tracking and pulse recognition algorithms thz
can be selected depending on the typegfads to be analyzed.

Basically, the Pulse Train Analysis procedure consists of the following stages:

Generating the envelope of the waveform,

Pulse detection,

Post filtering (optionally rejecting gaps and short pulses)

Pulse counting, Measuririgterpulse intervals, durations, amplitudes and
time stamps

5. Group analysis for identifying pulse groups that are separated from eact
other by larger intervals.

PwnNPE

The Pulse Group Analysis function is usually launched from the main window
command ORohbgsiTs@i® Anal ysi sébd. The
subsection the entire sound file by marking a section before executing the Puls
Group Analysis command.

Alternatively, the Pulse Train Analysis suite can be activated from the Curve
windowwhenital r eady di splays an envelope (
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Depending on the quality of the sound recordings it might be necessary to high
pass filter the waveform before applying the Pulse Train Analysis (main window
command Edit/Filter/Time Domain®R Fi | t er é) . This proced
irrelevant lowfrequency noise that might otherwise prevent a proper envelope
analysis. Similarly, it is possible to run the Pulse Train Analysis directly on a
spectrogram slice taken from the spectrogram window st(fiactivate

Di spl ay/ Addi tional Spectrogram | nfor mat
OFrequency I ntervalé and then transfer
bydoublec | i cki ng at the graph or via File/lD

windowd .

The envelope of the currently loaded sound file and the detected sound pulses will

be displayed in a separate Curve window. Additionally, a Pulse Train Analysis

panel is launched. It allows adjusting the analysis settings and displays the results
numeically. For the successful application of the Pulse Train Analysis feature it is
essenti al that the analysis parameters |
methods have been selected properly. Usually, it is required to optimize the
settings ingractively until the desired behavior is reached.

Settingse

This dialog box allows selecting the available pulse train analysis methods and the
desired measurements.

Methods

Envelope

This list box offers the available envelope calculation methody. quantitative
analysis of waveforms requires some kind of amplitude envelope detection. For the
temporal analysis of waveform patterns, it is usually not required to look at single
oscillations on the original waveforms. So, it is appropriate to traceuttiee of a
waveform only. There are several approaches for computing the envelope or a
meaningful approximation of the variation of leteym amplitude of a waveform.

Rectification + exponential decay

The original waveform is first rectified (atlegative samples will be inverted). The
resulting envelope follows the rectified waveform as long as the amplitude is
rising. If the amplitude of the rectified waveform decreases (negative slopes), the
most recent peak amplitude decays exponentially atealgfined time constant
(peakhold mechanism). In this way, the small instantaneous amplitudes between
consecutive waves will be bridged.
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Rectification + exponential decay + decimation

This option is identical to the above option, except that the sarafdeof the
resulting envelope will be reduced (decimation). The amount of decimation is
selected according to the time constant of the envelope computation. The fine
resolution of the decimated envelope is displayed on the main Pulse Train Analysi
panel The additional decimation decreases the temporal resolution of the final
measurements but accelerates the processing and displaying of the envelope, whi
is certainly important while processing large files.

RMS + decimation

The root mean square of theaveform is computed block wise (averaging over a
discrete number of samples without overlap). The inherent decimation correspond
to the 6t i me constant o parameter. I
exponenti al decayo, t bs ot incloden@ weabkold i o r
mechanism. Consequently, short amplitude peaks will be averaged out. Therefor
the RMS method is suited in situations where short peaks need to be rejected or &
out of interest.

RMS exponential moving average+ decimation
The root mean square of the waveform is computed in a moving average mode
The resulting envelope is decimated according to the selected time constant. . |
contrast to the option ORectificati
method also does natdlude a peakold mechanism.

Original waveform (no manipulation)
The original and unmodified soundfile is used for the peak search.

The Envelope method can only be selected when the Pulse Train Analysi
command has been launched directly from the main window waveform display.
The other entry points already operate on existing envelopes. The properties ¢
these envelopes must be setdoefentering the Pulse Train Analysis command
(e.g. by selecting appropriate Spectrogram Parameters if the Pulse Train Analys
is applied to a spectral slice of a spectrogram).

Pulse detection
There are two basic methods for detecting pulses in tipditade envelope:
Gate Function

The gate function simply compares the envelope with adefieed, fixed
threshold. The absolute threshold level will heavily influence the number and
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durations of the recognized pulses. This method is recommended foriagaly
signals that exhibit only minor amplitude variations.
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Peak Search with Hysteresis

Additionally to the absolute threshold, this method is based on a relative peak
detection algorithm that identifies local peaks in the envelope signal. A peak is
recognized when its peak amplitude exceeds the minimum amplitude that precedes
this peak by a predefined factor. In this way, it is possible to detect both soft and
louder peaks that could not be detected by a simple absolute threshold comparison
(Gate furetion). Most sound recordings contain some reverberation {sdront
echoes). That reverberation can prevent the safe separation of the single sound
pulses with varying amplitudes in simple gate function analysigpetTherefore,

this method is recommeed for analyzing signals that exhibit larger amplitude
variations. It is certainly useful for analyzing signals with varying amplitudes that
are additionally influenced by reverberation.

my
11213 15 181920
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Measurements

(]

The Measurements section allows selecting thesareaents that should be taken.

Time : Absolute time stamp of the pulse.

Time relative to group start : In the group analysis mode, the relative time
stamp of each pulse is referenced to the first pulse of the group.

Duration
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Interval : Interpulse interviabetween pulses, measured from the start of the

preceding pulse to the start of the current pulse.

Amplitude : The peak amplitude of the pulse.

Peak frequency : An FFT analysis is applied to the detected pulse in order to

determine the peak (or dominarft)r e quen &gt wbg @dbeutd on | a
dialog box that defines the FFT analysis settings:

The FFT size determines the maximum duration of the analysis frame. The
resulting Frame duration and the resulting-requency resolution of the
currently selected FFT size is displayed.

The weightingWindow is applied to the analysis frame prior to calculating the
FFT spectrum. Depending on the structure of the pulses, the specific window typ
may influence the peak frequency results.e TRectangle window will not
influence the temporal structure (the location of the pulse within the analysis frame
does not matter). The other weighting functions emphasize the middle of the
analysis frame, which may distort the frequency spectrum. If tiheep have a
distinct start and end and if the analysis frame fully covers the pulses, then thi
Rectangle window is recommended. If the analysis frame is shorter than the puls
(pulses longer than the FFT size), then one of the other weighting functibbns wi
provide more reliable results.

The o pimit ther analysis frame to the detected pulse durationd
activates a zerpadding mode. If activated and if the pulse is shorter than the
selected FFT size, then the FFT spectrum will be computed only frodetbeted
pulse duration. Otherwise, the actual duration of the pulse is ignored and the
spectrum is computed from the full (FFT size) frame that is centered on the
detected pulse. This option does only have an effect as long as the durations of tl
pulsesar e determined (6Gate functiond o
6Durationé activated). I'n case the dt
computed from the full FFT size. In that case, it is also recommended to adjust th
FFT size tahe durations of the pulses.

Add filename : The name of the current sound file.

Group Analysis
The group analysis option allows assigning close pulses to single groups.

Time : Absolute time stamp of the group (= time stamp of the first pulse in the
group).

Pulses / Group : Number of pulses in the group.

Pulses / Sec : Pulse rate within the group (number of pulses per second).
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Duration : Duration of the group (from the starttthe first pulse to the end of the
last pulse).

Interval : Interpulse interval between groups, measured from the start of the
preceding group to the start of the current group.
Amplitude : The peak amplitude of the group (the maximum peak within the

grow).

use section labels as groups: If this option is checked, the groups will be
defined by section labels (instead of greup timesetting).

Overall Measurements

Pulse count : The total number of pulses.

Pulse rate : The total pulse rate (pulses per second) measured from the start of
the first pulse to the start of the last pulse.

Group count : The total number of groups.

Group rate : The total group rate (groups per second) measured from the start of
the first groy to the start of the last group.

On time (absolute in sec) : The total duration of all pulses.
On time (relative in %) The total duration of all pulses divided by the time
interval from the start of the first pulse to the start of the last pulse.

referenced to the entire waveform : If this option is activated, th®n time
(relative in %), Pulse ratand Group ratewill be referenced to the duration of the
entire waveform (instead of the duration from the first to the last pulse).

Show pulse numbers
If this option is activated, their number will identify the recognized pulses on the
envelope display.

Take channel #
This list box selects the sound file channel on which the Pulse Train Analysis is
done.

DDE /LOG
This button launches the DDE Parders / Log File dialog box. These settings are
used for exporting the measurement results via the Copy buttons.

Default
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This button will reset all settings to their defaults.

time constant

When the Pulse Train Analysis is launched from the main winttewenvelope of

the marked section is computed automatically. The time constant for that envelop
computation can be entered here (unit milliseconds). Click at the Update button fo
re-computing the envelope with the newly entered time constant. The pavelo
computation method can be selected from the Settings dialog box. The value of th
time constant (and the envelope computation method) will heavily influence the
pulse train analysis results. So, that value should be adapted to the kind of signa
to beanalyzed. Generally, waveforms with low pulse rates and long pulses shoulc
be processed with larger time constants. Shorter pulses or higher pulse rates requ
shorter time constants.

threshold

The pulse detection is based on a threshold comparison enerkielope.
Depending on the selected pulse detection method (Settings dialog), this thresho
controls the pulse recognition. I n t
once the envelope exceeds t he t heaseissha
method, any peaks that do not exceed the threshold level will be ignored (the actu:
peak detection is controlled by the hysteresis parameter). The threshold level ca
also be entered visually by dragging its graphic representation on the envelop
curve display.

hysteresis

I f the pulse detection method O6Peak ¢
the hysteresis parameter controls the peak detection (in conjunction with the
threshold parameter). The underlying algorithm searches for lock peathe
envelope. A peak is recognized when its peak amplitude exceeds the minimur
amplitude that precedes this peak by a predefined factor. This factor that is
expressed in dB (the hysteresis parameter) should be adjusted in such a way tt
the relevantpeaks are still recognized, while smaller irrelevant noise peaks are
ignored. As a rule of thumb, the hysteresis parameter should be set to a valu
slightly lower than the signal to noise ratio of the recording (where the
reverberation is also considerad noise). In most cases a hysteresis between 10
and 20 dB is appropriate. Please note that the pulse detection results are influenc
both by the hysteresis and the time constant of the envelope generation.




















































































































































































































































































































































































































































































































































































