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1 Spectrum Lab Manual - Preface and Help Index

1.1 Contents / Overview

(Note: The following links only work in the HTML files, but not in the PDEF..)

A to Z (Keyword Index)

Short description , Features, Translations/Ubersetzungen/Traductions
System Requirements, installation, program start;

Soundcard Selection and Audio Settings, drivers for special input hardware,
Winrad-compatible ExtIO DLLs.

Getting started with QRSS (very slow Morse code viewer)

About the help system (and why it doesn't work properly with IE7)

Main Window, Main Menu, Quick Settings, User-defined menu .

Spectrum display, controls, frequency scale, frequency markers, frequency list .
Components :

Circuit window, with preprocessor, filters, DSP blackboxes, Frequency calibrator, and more.
Don't miss the FFT-based filter with frequency shift and USB/LSB conversion

Setup Dialog (Configuration, Audio settings, FFT settings, Display settings, and other options)
Colour Palette Editor

Colour Direction Finder (a waterfall-based radio direction finder)

Screen capture, Periodic and Scheduled Actions

Wave file logging and analysis, triggered audio recorder

Data File export functions

Watch window and Plotter

Phase- and Amplitude Monitors

Time Domain Scope (usable as oscilloscope and phase meter)

User-defineable menus

Digital Audio Filter (also usable as multi-notch, limiter, denoiser)

Test Signal Generator

Digimode Terminal
Time Signal Decoder, GPS (NMEA) Decoder, DGPS Decoder .

Interpreter : -commands, -functions, -expressions

Communication between Spectruml.ab and other programs,

using the integrated HTTP server or simple WM_COPYDATA messages.
Sending and receiving audio streams over the internet

Connecting a GPS receiver to the soundcard to improve timestamp accuracy

Troubleshooting
Applications and links: Beacon logging, VLF Receiver, Natural Radio, EVE ,

Image-cancelling direct conversion receivers (with I/Q processing),

DTMPF-controlled multi-frequency 'VHF bat monitor'

* Disclaimer
Program Version: Spectrum Lab V2.96 or later
Revision Date : 2020-11-01 or later (YYYY-MM-DD)
Version history: See revision.txt .
Author : Wolfgang "Wolf" Buescher (DL4YHF)
Website : Moved to http://www.gsl.net/dl4vhf/spectral.html.
Author's email : On the author's website ("subject to change" / "robots keep off"
back to top

)
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1.2 Short Description

Spectrum Laboratory (short: SpecLab) is a program to...

* analyze the spectrum of an audio signal via the PC's soundcard

* analyze the spectrum of a previously recorded sound in a wave-file

» observe how the spectrum changes over the time by a "waterfall" display

* perform n-th order audio filtering in real-time, output sent to the soundcard again

» generate and decode some 'special' digital radio amateur communication modes

* plot data which have been calculated by signal analysis functions

* Send and receive audio streams, possibly with timestamps from a GPS receiver, over the internet .

The main window will often look like this.. there is a control bar at the left side, a spectrum graph in the
upper part, and/or a spectrogram (aka 'waterfall') in the lower part. The screenshot shows a few VLF
transmitters on a spectrogram in Radio-Direction-Finder mode.
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Spectrum Lab is intended mainly to be used for amateur radio experiments, but you may also try it for
something completely different as long as you keep in mind that this program is still far from being
"professional" software ! Because this program is freeware, the entire risk of its use is with you.

1.2.1 Translations of the manual into other languages
Because of a lack of time, there is no translation of this manual into German and other languages.

Aus Zeitmangel gibt's leider noch immer keine deutsche Ubersetzung dieses Handbuchs (die wiirde dem
englischen "Original" eh stindig nachhinken), nur eine Kurzanleitung in deutscher Sprache. Verwenden
Sie notfalls die am Ende dieses Dokumentes verlinkte automatische Ubersetzung (funktioniert leider nur
online, per Google Translate).

Un lien vers une traduction frangaise se trouve a la fin de ce document.

1.2.2 Features

Just an overview and a lot of links to places in the manual. Maybe you'll find here what you are looking
for... if not, use the "backward"-button of your browser.

 editable colour palette for optimum contrast of the waterfall display
* "scroll back in time" while the program continues receiving
* optional Radio-Direction-Finder mode where the colour (hue) value shows the direction of the
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transmitter(s) and the intensity (brightness) shows the fieldstrength

* frequency scale adjustable ("Min" and "max") while reception continues

* old part of the waterfall display will automatically be re-drawn if settings are changed

» waterfall display may run from top to bottom, or from right to left (good for HELL modes)

* frequency scale may be mirrored for "Lower Side Band" receivers

* switch between display modes without stopping to record data, so you won't miss anything of the
input signal

* FFT input size may be switched between 256 and 65536 samples per FFT without stopping the
analysis and without deleting the previously recorded part of the waterfall

» audio sample rate may be selected between 8000 and 44100..48000 samples per second with a 16-
bit-resolution giving about 90dB of input range. If you have a fast PC and an appropriate
soundcard, you may even try 96000 samples per second. Note: The Soundblaster Extigy is a nice
card, but it's A/D converter does *NOT* sample at 96 kHz ! Some more expensive cards (M-
audio) even run at 192 kSamples/second these days.

* FFT output may be scaled "linear" or "logarithmic" (in decibels)

* buffer for the FFT results with adjustable size for "long-term" beacon observations (along with the
"scroll-back" slider)

* waveform monitor in a separate "scope" window

* multi-tone and noise test signal generator with AM and FM

* time-signal decoder and digi-mode decoder (under construction)

* programmable audio filter (N-th order FIR- or IIR-filter, or FET-based filter with autonotch)

* 1/Q processing for image-cancelling direct conversion receivers and exciters, usable for Software
Defined Radio experiments

 periodic and scheduled actions (like screen capture) for long-term observation

* automatic, versatile Spectrum-ALERT function (not maintained but still works)

 versatile text-file-based export functions for post processing of 'calculated' data (trends, field
strength plots, etc)

 triggered audio recorder with pre-and post-trigger option

* Communication with other applications through a simple message-based system

* Audio streams, MP3, etc may be fed into this program through a Winamp plugin (see SpecLab
website)

* Runs under Linux, too (using WINE, on a moderately fast PC with Gnome or KDE destktop)

1.2.3 Some Applications

Very Low Frequency Receiver (local link)

Started as an experiment to receive historic transmissions from Grimeton radio (SAQ) in the longwave
spectrum. The program runs as a software receiver. Almost no external hardware required. An antenna is
connected directly to the soundcard's input. The input from the soundcard is converted into the audible
spectrum (about 650 Hz), passed through a narrow-band audio filter and fed to the soundcard's output.

Natural Radio Receiver (local link)

Describes how to use Spectrum Lab to improve the quality of your natural radio reception *by software*.
Uses Paul Nicholson's multi-stage comb filter to remove AC hum and harmonics in the audio spectrum.
You can add up to 32 other independent notches to remove other unwanted signals, like 70 Hz from PC
monitors, or add lowpass / highpass filtering if needed.

1/Q Processing (local link)

I/Q processing is one of the keys to software-defined radio (SDR). Though SL wasn't designed as easy-to-
use interface for an SDR, it can be used as such: Not only as a broadband waterfall display (with
quadrature inputs), but also as modulator + demodulator + test signal generator with I/Q in- and/or
outputs.

There are a few preconfigured setting for some popular radios in SL's 'Quick Settings' menu. In addition,
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there are some configuration files for Spectrum Lab to be used with receivers delivering I/Q output. For
example, "stereo4mf.usr" is a configuration which allows listening to two independent signals, on two
different frequencies, with stereo headphones. A list with a short description of the configuration file
distributed along with Spectrum Lab is here. Many of them are designed for receivers with I/Q output.

A LowFER Receiver Using a "Software" IF (web link, added here 2006-04)

This article by Lyle Koehler, KOLR, describes a "software defined" receiver, and some other (easier-to-

use) alternatives to SpecLab too. Don't miss Lyle's simple downconversion circuits which he sucessfully
uses to the receive US-American LowFER beacons. The last part describes how to log fieldstrengths of

LowFER beacons with Spectrum Lab's plot window.

Automated LF monitoring facitily (web link; unfortunately broken..)

Created and operated by Brian, CT1DRP (a radio amateur from Portugal operating on longwave). This
systems continously records signals on the 136kHz band, analyzes and logs some parameters using the
file export function. The resulting graphs are frequently updated.

Measuring the signal strength of low-duty-cycle beacons (local link)

Used for propagation studies on shortwave. Radio amateurs all over the world operate becons on certain
frequencies (like 14.1 MHz). These beacons periodically transmit a carrier and their identifier in Morse
code. Some of these beacons have a very low duty cycle but a precise interval, for example 1 second
carrier and 3 minute interval. This application takes precise readings of the signal strength, and writes the
result into a text file which can be post-processed with a spreadsheet program etc.

The EVE experiment

The Eart-Venus-Earth experiment was a successfull attempt by Amsat-DL to receive own 2.4 GHz echos
from Venus. This required incoherent averaging (because of the spectral broadening of the microwave
signal). Details can be found on the AMSAT-DL website, and in the AMSAT-DL Journal #2 / June 2009 .

back to top

1.2.4 About the help system

The complete help system was originally written in HTML. Spectrum Lab tries to open the pages and
jump to a named location (called an "anchor" in html) when a help button is clicked. This used to work
perfectly well until the advent of internet explorer 7 !

In IE6, it was possible to open an html document, with the anchor appended after the '#'-character. For
example:

iexplore c:\Spectrum\html\index.htm#about help

opened this document in the internet explorer, and jumped directly to the anchor "about help". No idea
why this doesn't work with IE7 - it simply ignores the "anchor name" passed in the command line.

To circumvent this problem, Spectrum Lab now looks for FIREFOX, and maybe other browsers known to
work 'better'. If any of these internet browsers is installed, it will be launched to show the requested help
page (and jump to the named anchor in the URI, which worked perfectly with these browsers when tested
with the up-to-date versions of OPERA and FIREFOX in April 2007).

Only if none of the 'good' browsers can be found, the help system will use the default browser (which,
under windows, will usually be IE, which caused the problems mentioned above).

The HTML pages are occasionally combined into a single PDF, which may be easier to read, and much
better to print .. if you really need it on paper. The manual is contained in the installer (subdirectory 'doc').
It may also be available online at www.gsl.net/dl4yhf/speclab/Specl.ab_Manual.pdf. Unfortunately most
of the links (between HTML documents) don't work after being converted into a PDF (using OpenOffice),
thus in most cases the original HTML files are easier to use.
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1.3 Disclaimer and other legal stuff

This software is provided 'AS IS' and any express or implied warranties, including, but not limited to, the
implied warranties of merchantability ™, fitness for a particular purpose, or non-infringement, are
disclaimed. In no event shall the author or contributors be liable for any direct, indirect, incidental,
special, exemplary, or consequential damages (including, but not limited to, procurement for the
substitute of good or services, loss of use, data, or profits; or business interruption) however caused and
on any theory of liability, whether in contract, strict liability, or tort (including negligence or otherwise)
arising in any way out of the use of this software, even if advised of the possibility of such damage.

*) to be more specific, this software isn't merchantable at all, since I will not sel/ it, and no-one else is
allowed to... ;-)

In other words, the entire risk is with you ! (what else would you expect from a freeware..)

Namings for products, that are registered trademarks, are not separately marked in these documents. The
same applies to copyrighted material. Therefore the missing ™, ®(r), or ©(c) does not implicate, that the
naming is a free trade name. Furthermore the used names do not indicate patent rights or anything similar.

1.3.1 Ogg Vorbis disclaimer and terms of use

The Ogg Vorbis audio format, as implemented in Spectrum Lab, is based on 'libogg' and 'libvorbis',
Copyright (c¢) 2002-2008 Xiph.org Foundation.

Conditions and terms of use, copied from the Vorbis library, follows further below. For details, please
visit http://xiph.org/vorbis/. You will find the sourcecode, the file format specification, and the
documentation of this beautiful open, patent-and-royalty free, compressed audio format there.

Redistribution and use in source and binary forms, with or without
modification, are permitted provided that the following conditions are
met:

- Redistributions of source code must retain the above copyright notice, this list of conditions and the
following disclaimer.

- Redistributions in binary form must reproduce the above copyright notice, this list of conditions and the
following disclaimer in the documentation and/or other materials provided with the distribution.

- Neither the name of the Xiph.org Foundation nor the names of its contributors may be used to endorse
or promote products derived from this software without specific prior written permission.

THIS SOFTWARE IS PROVIDED BY THE COPYRIGHT HOLDERS AND CONTRIBUTORS ""AS
IS" AND ANY EXPRESS OR IMPLIED WARRANTIES, INCLUDING, BUT NOT LIMITED TO, THE
IMPLIED WARRANTIES OF MERCHANTABILITY AND FITNESS FOR A PARTICULAR
PURPOSE ARE DISCLAIMED. IN NO EVENT SHALL THE FOUNDATION OR CONTRIBUTORS
BE LIABLE FOR ANY DIRECT, INDIRECT, INCIDENTAL, SPECIAL, EXEMPLARY, OR
CONSEQUENTIAL DAMAGES (INCLUDING, BUT NOT LIMITED TO, PROCUREMENT OF
SUBSTITUTE GOODS OR SERVICES; LOSS OF USE, DATA, OR PROFITS; OR BUSINESS
INTERRUPTION) HOWEVER CAUSED AND ON ANY THEORY OF LIABILITY, WHETHER IN
CONTRACT, STRICT LIABILITY, OR TORT (INCLUDING NEGLIGENCE OR OTHERWISE)
ARISING IN ANY WAY OUT OF THE USE OF THIS SOFTWARE, EVEN IF ADVISED OF THE
POSSIBILITY OF SUCH DAMAGE. (end of the Ogg / Vorbis disclaimer and terms of use)

Spectrum Lab Manual V 2.96 13/294


http://xiph.org/vorbis/

1.3.2 Acknowledgements (more in the "ABOUT"-box)...

Ogg Vorbis file format supported by virtue of xiph.org, using their open source libraries.
ASIO support was added using the ASIO SDK by Steinberg .

JPEG support was added using the JPEG library (c) 1994-1997, Thomas G. Lane .

The Multi Stage Hum Filter is based on sources by Paul Nicholson .

The Colour Direction Finder is based on a work by Markus Vester .

Other contributions were made by members of the RSGB LF Group .

Early soundcard routines were inspired by the WinPSK31 sources by Moe Wheatley and Dave Knight .
Support for PERSEUS was added using a Software Development Kit (SDR-DK) "Copyright
Microtelecom s.r.l. — Pavia di Udine, Italy".

Support for SDR-IQ / SDR-14 is based on sample code provided by RFSpace and MoeTronix .

Last modified : 2020-10-23

Bendtigen Sie eine deutsche Ubersetzung ? Vielleicht hilft dieser Ubersetzer - auch wenn das Resultat
z.T. recht "drollig" ausfallt !
Avez-vous besoin d'une traduction en frangais ? Peut-étre que ce traducteur vous aidera !
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2 Spectrum Lab Installation and Program Start

Contents of this chapter / file 'startins.htm'

1. System Requirements

2. Installation and directory structure
3. Setting up the soundcard (or other input devices)

1. Avoiding audio bypass from 'Line-In' to 'Line-Out' in the soundcard
2. Avoiding audio drop-outs (caused by thread priorities / high CPU load)

3. Stop windows from hiding audio devices that are not 'plugged in'
4. Windows 10 camera, microphone, and privacy
Quickstart for QRSS (very slow Morse code viewer)

Program start with command line arguments
Configuration data files

Running multiple instances of the program

8. Creating shortcuts for different configurations

Special topics (‘after installation') :

1. Running SL 'as administrator', if certain functions don't work properly

2. Selecting higher sampling rates under Windows 7 (separate file)
3. How to install and run Spectrum Lab under Linux / Wine

4. How to use SL with software-defined radios like SDR-IQ or PERSEUS

See also: Spectrum Lab's main index

Nowk

2.1 System Requirements
You will need the following to use "SpecLab":

- a PC with Win95, Win98, WinME, Win2k, WinXP, Windows 7 / 8, or Linux+Wine

- a soundcard with an audio input resolution of 16 bits

- a color graphics mode with at least 800*600 pixels with 256 colors

(a graphics mode with higher resolution and "true color" is preferred, and even required under WinXP
and any later version of Windows)

back to top

2.2 Installation and directory structure

To install the program on your PC, follow the instructions of the installation program. An uninstaller will
be configured too, so you can remove this software easily if you don't need it any longer.

The default directory for the installation is C:\Spectrum. It is recommended noft to install SL in the
Windows 'Programs' folder (whatever that 'Programs' folder may be) because you will run into all kinds
of trouble with windows "Vista", Windows 7 / 8, and whatever comes next because programs installed in
the Windows 'Programs' folder often don't have write permission for the files located there (including
subdirectories).

Some subdirectories will also be created by the installer:

.\Data\
default directory for data files, like logged data files from long-term observations etc.
Because Spectrum Lab must have write-access permission for this directoy, the installer may have
to place it somewhere else (very annoying, but that's what windows Vista wants..).
To simplify the task of 'finding' this (and other) writeable directories, the installer will write a short
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text file which contains the DIRECTORY PATHS to all 'writeable' directories ... thanks Microsoft
for changing this over and over ... the ugly details are here ("data folders").
.\Export\
contains some export file definitions and example user settings. Beginning with Windows Vista and
Windows 7, the directory path for this folder also had to be moved somewhere else (because any
folder under 'Programs' doesn't have write permission by default) - more details here ("'data
folders").
.\Goodies\
contains additional information and special files. More info in a readme-file in the subdirectory.
.\html\
Contains the online help system. When missing (in the folder with the executable), Spectrum Lab
will try to load the help page from the author's website, which used to be http://www.qgsl.net/d14yhf/
speclab/ .
.\palettes\
contains a lot of different colour palettes for the spectrogram. When making a 'portable' application
(on a memory stick), copy this folder to the memory stick along with the files listed further below.
..\configurations\
contains a lot of different configurations for Spectrum Lab, in addition to the built-in "defaults" in
SL's Quick Settings menu.

Alternatively, instead of 'installing' Spectrum Lab completely on a PC, you can let it run directly from a
USB memory stick or memory card without installation (in geek speak, make a "portable application" on
the storage medium). As of December 2014, the only files which are essential to run the program on a
windows PC were:

* SpecLab.exe (executable file)
* OggVorbis4SL.dll (contains libraries which SL needs to read certain audio files and streams)

Of course, with only those files copied to the portable storage medium, there will be no selectable colour
palettes, and (without an internet connection) no help system, etc.

After "installation", you may optimize some parameters for your requirements. You should (but you don't
have to).....

* Adjust your soundcard settings for proper audio levels

* Check the level of the soundcard input with the input monitor

* Define the difference between UTC("GMT") and your local timezone

* Verify everything in the Configuration-Dialog

* Adjust the amount of memory used for buffering

* Test the digital filter on your PC

* Check if there is an unwanted audio bypass from the soundcard's input to its output, which spoils
the software-DSP

* Ifyou intend to use Spectrum Lab with the SDR-IQ (by RFSPACE), read this document .

» Users of PERSEUS (a software defined radio by Microtelecom in Italy), read this .

back to top

2.3 Setting up the soundcard (or other input devices)

By default, Spectrum Lab uses the windows multimedia system for audio input and -output. Details on
setting up the soundcard properly are here (separate file; link doesn't work in the PDF).

If your soundcard (or similar audio device) supports ASIO, look here because ASIO works better with
some cards (especially at sampling rates above 48 kHz and resolutions above 16 bit).

To use SL with SDR-IQ or SDR-14 (by RFSPACE), install SpectraVue too. This will install the necessary
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USB drivers (by FTDI) which are not included in SL. Alternatively (when available for your radio and
0S), you could use a Winrad-compatible ExtIO-DLL as interface (applies to many other radios, too).

To use SL with PERSEUS (by Microtelecom s.r.1), install the Perseus software, and the WinUSB drivers
for your particular OS. More details here .

To use SL with SDRplay's RSP (Radio Spectrum Processor, for 100 kHz .. 2 GHz), download and install
their ExtIO-compatible interface from the Plugins page. Then (as for other SDRs), select the DLL as input
device in Spectrum Lab as described here.

To process samples from your own A/D converter, consider using the file-based audio input, or send the
audio stream towards SpecLab via UDP or TCP/IP (UDP is best suited for simple microcontrollers with
Ethernet interface).

back to top

2.4 Unintended audio bypass between the soundcard's Line-In
and -Output

For real-time signal processing with SpecLab's internal DSP functions, an analog audio signal must get
into the PC somehow, and to make to processed signal audible it must get out of the PC so we can listen
to it with headphones or external speakers. This should be no big problem nowadays, because modern
cards support "full duplex" operation, which means their analog-to-digital converter (ADC) and digital-
to-analog converter (DAC) can run simultaneously. So we can use the DAC to produce test signals, and
the ADC to analyze a different signal at the same time. Or we can use the ADC to digitize a signal, run it
through some digital processing algorithm, and convert it back into an analog signal in real-time.

Sounds easy, because our brand-new soundcard has two audio jacks for this purpose, labelled "Line-In"
and "Line-Out". So what's the point ?

Often things are not that easy. There are a lot of different signal paths inside a soundcard, different
sources and destinations, and very different (and incompatible) ways to connect all these. The default
settings of many cards are not suitable for us, because they feed the signal which enters the card through
the "Line-In" port directly to the "Line-Out" port, for whatever reason. This is not very helpful here,
because we only want the PROCESSED signal to appear at the "Line-Out" port. We also do not want the
signal at "Line-Out" to be fed back into the analog-to-digital converter, because this may cause heavy
feedback or heavy oscillation (making the stereo speakers jump through the living room !). Too bad !
Both situations must be avoided. In other words:

Be prepared to spend a few hours playing with your soundcard's own "volume control panel" (or
whatever the manufacturer called it), until you managed that the audio input (from the "line-in" jack)
only(!!) goes into the A/D converter, and the card's audio output (the "line-out" jack) is enly fed from the
D/A converter, without annoying bypass. The standard audio volume control program (SoundVol32.exe)
is often all we have. If can be launched from SpecLab's Options menu, to show the settings for
"recording" (analog-to-digital conversion) and "replay" (digital-to-analog conversion). Just a few points
to be aware of:

* On the "Recording Gain Control" screen ("Aufnahmesteuerung” in German) , only select the
"Line-In" signal as recording source, or mute all other sources for recording. Unfortunately
sometimes there is no "Line-In" as recording source, but an "Analog Mix" which makes it more
complicated (as for the Audigy, see below).

* On the "Playback Volume Control" screen ("Wiedergabe", or "W-gabestrg." as CL likes to call it),
only select "Wave" as playback source, or mute all the others. "Wave" often means the D/A
converter.

* On some cards like the Audigy 2 (you have to enable "Line-In" also on the playback volume
control screen, otherwise it won't record !!), the cure is not simple but possible then .. see below !
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* Also enable the "Master Volume" on the playback panel, otherwise you won't hear anything from
the speakers.

* Sometimes all these problems are gone if you use an ASIO driver instead of a standard multimedia
audio device !

2.5 Avoiding audio drop-outs (caused by thread priority settings /
high CPU load)

On a heavily loaded system (soundcard running at circa 192 kSamples/second, GPS-stabilized sample
rate, GPS-based resampling to exactly 192.00000 kS/sec, etc), the following strange symptom happened,
which may be a showcase how to avoid such problems.

While SL was running, causing almost 90 % CPU usage, the 'ADC' function block (in SL's circuit
window) occasionally turned yellow and green again when rapidly scrolling a large HTML document in
Firefox !

The reason was a sporadic overflow of the soundcard input buffers, which in turn was caused by SL not
being able to drain those buffers fast enough (in the real-time audio processing thread). The problem
could be fixed as follows:

* In SL's 'Options' menu, select 'System Settings', 'Miscellaneous'.

* There is a rarely used field labelled
'Audio thread priority (0=standard, >1 = higher)

* The default value (in any SL version before V2.81 b10) was '0', which seems to be too low on a
heavily loaded system, under the conditions mentioned above

* Change the 'Audio thread priority' from zero to 1 (one) or even 2.

» Exit from SL and start it again, to make the new thread priorities effective

With the higher thread priorities, the audio processing thread seemed to be able to 'interrupt' the CPU-
hungry vertical scrolling in Firefox (or similar activities) whenever audio data were waiting for
processing.

This completely eliminated the 'lost audio samples', and a long-term phase measurement didn't show any
'kinks' in the plotted phase graph (in the case, the carrier phase of DCF77 using a GPS-receiver with 1-
PPS-output as reference).

See also : Audio settings, Configuration window, Phase- and Amplitude monitoring .

2.6 Stop windows from hiding audio devices which are not
'plugged in'

Windows 7 (and possibly any later version) has the bad habit to 'hide' installed audio hardware when
nothing is plugged into the device's audio jack.

Even when properly installed, such devices do not appear in SL's audio device list (under Windows 7,
etc). A solution was found in the internet by searching for 'disable windows sound card jack sensing'.
Found in various forums on the subjects :

* Open registry Editor with elevated privileges

* Goto HKEY LOCAL MACHINE\SYSTEM\CurrentControlSet\Control\Class\{4D36E96C-
E325-11CE-BFC1-08002BE10318}\0000\GlobalSettings

* Change the value EnableDynamicDevices from hex:01,00,00,00 to hex:00,00,00,00 .

* Restart your system.
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2.7 Windows 10 camera, microphone, and privacy

Windows 10 (and possibly any later version) came along with another 'nice surprise' for developers: Even
if the user has selected a certain audio device for input, this OS 'silently’ blocks access to the microphone
per default, and in that case, Spectrum Lab only receives .. well ... silence from the audio input.
Other kinds of analog audio inputs (like "Line-In") besides "microphones" may be affected by the same
block-by-default madness.
Software-defined radios that present themselves like an 'audio device' to the system will most likely be
plagued by the same.
There used to be an article titled

Windows 10 camera, microphone, and privacy
on the Microsoft website explaing how to grant "an app" access to the microphone again.
In November 2018, the article was at https://privacy.microsoft.com/en-us/windows-10-camera-and-

privacy

See also: Toubleshooting / 'More fun with Windows 10"

2.8 Notes on various soundcards
(just a loose compilation of feedback from other Spectrum Lab users)

* Audio 2 ZS and poor ASIO drivers
Only runs at 48 kHz sampling rate; and -with a *different* ASIO driver- at 96 kHz. On my PC,
24-bit at 96 kHz sampling also worked well with the standard MME (multimedia) driver, while
other users reported that they needed to switch to ASIO to get their cards running at 96 kHz .
Strange, but no real surprise ;-)

« ESI Julia ("ESI Juli@")
The Julia is a moderately priced card (about 140 Euros in early 2006), capable of stereo 24-bit
sampling at 192 kHz sample rate. Successfully tested with Spectrum Lab since the integration of
ASIO support. The Julia has a reasonably flat response to 90kHz and drops about 3dB by 96k.

* E-MU 0202
A very nice hardware (still), excellent analog circuitry, but crappy -or should I say non-existant-
driver support for recent windows versions.
The E-MU 0202 is still the author's favourite (for VLF work), but since E-MU (or Creative?) seem
to be unable to provide stable drivers for Windows 7 (and anything later), if you want to use it
with 192 kHz sampling and 24 bits per sample, you'll have to..

* stick with Windows XP (on which the E-MU 0202 / 0404 works nicely, without glitches
and dropouts),
* or hope that one fine day, a driver update makes it work with the higher sampling rates
under Windows 7.

In January 2014, things didn't look good for the E-MUs ...
... what a shame, having to trash such a nice hardware due to the lack of driver support !

* For other cards, which are known to support 96 or even 192 kHz sampling, but you cannot get
them to do that properly under Windows 7:
Read this important note about selecting the soundcard's sampling rate in yet another hard-to-find
configuration panel of Windows 7 !
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" Figenschaften von Mikrofon X

Allgemein I Abhéren I Benutzerdefiniert |
Pegel | Mikrofonerweiterungen Erweitert
 Standardformat

Wahlen Sie die Abtastrate und die Bittiefe aus, die im
gemeinsamen Modus verwendet werden soll,

2 Kanal, 16 Bit, 96000 Hz (Studioqualitdt) |

|2 Kanal, 16 Bit, 3000 Hz (Telefonqualitdt) -
— 42 Kanal, 16 Bit, 11025 Hz (Diktatqualitat) -
2 Kanal, 16 Bit, 16000 Hz Tonbandgerdtqualitat)
2 Kanal, 16 Bit, 22050 Hz (MW-Radiogualitat)
2 Kanal, 16 Bit, 32000 Hz (UKW-Radioqualitat)
2 Kanal, 16 Bit, 44100 Hz (CD-Qualitat)
2 Kanal, 16 Bit, 48000 Hz (DVD-Qualitat)
2 Kanal, 16 Bit, 88200 Hz (Studioqualitat]

, 16 Bit, 96000 Hz (Studioqualitt)

2 Kanal, 16 Bit, 176400 Hz (Studioqualitat)
2 Kanal, 16 Bit, 192000 Hz (Studioqualitat)
2 Kanal, 24 Bit, 44100 Hz (Studioqualitét)
2 Kanal, 24 Bit, 48000 Hz (Studioqualitat)
2 Kanal, 24 Bit, 95000 Hz (Studioqualitét)
2 Kanal, 24 Bit, 192000 Hz (Studioqualitat]

Standards wiederherstellen |

oK I Abbrechen | Ulgernehmenl

(Screenshot of the '"Microphone Properties' panel on a netbook with 'german' windows 7.
Surprise surprise .. the X61s' onboard audio device really supports 192 kHz sampling ! )

2.9 Quickstart for QRSS (very slow Morse code viewer)
... has been moved to a separate file (qrss_quickstart.htm) ...

2.10 Running SL 'as administrator', if certain functions don't
work properly

Under Windows 7, certain functions didn't seem to work properly when running SL without administrator
privileges. The following list is most likely incomplete:

Functions which did not work properly without admin privileges, and required 'Run as Administrator' :

* Setting the PC's system date and time from the time signal decoder

 furthermore, if for some reason you need to install SL in the default windows "Programs" folder
(or whatever they call it this time), you will have to run it with admin privileges because otherwise
SL may not have permission to write its own configuration files (in its own folder).
It's crazy, isn't it ?

Here's how to run SL as administrator (by modifying its desktop icon under Windows 7 - thanks Rob ! ):

Right click desktop shortcut icon
Select properties

Click 'Advanced' button

tick box for Run as Administrator
Close up

Click apply

Close up

Nk W=
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This will set Spectrum Lab with administrator permission until the checkbox is unticked again if you so
wish.

2.11 Program Start with Command Line Arguments

For special purposes, you can pass a command line to the program when starting it. This is required only
if you...

* want to have multiple instances of the program running at the same time, with each one using its
own configuration file;

* want to have multiple instances of the program running at the same time, with one of them passing
audio data (as master) to other instances (slaves).

* have a system with more than one soundcard, and you want to create desktop icons to start an
instance of Spectrum Lab which uses a certain card (instead of the first detected audio device);

* want to help me debug the program, especially if the program crashes on your system but not on
the author's ;-)

An overview of parameters which can be set through the command line is here.

If you only have a single soundcard on your system, or only need a single configuration, don't read any
further on this page. It may be getting complicated.

The general syntax to start Spectrum Lab with command line arguments is like this:
SpecLab.exe <Machine-Config> <User-Config> [ <"Main Window Title"> ]
There are also some command line switches (options) which will be explained later.

Without using command line arguments, all parameters are saved in an old style INI-file named
"SETTINGS.INI" in the current directory of the spectrum analyzer.

Usually, in this file both machine- and user-dependent data are saved.

To have multiple instances of the program running at the same time, using different configurations, you
can tell the program which configuration file shall be used (instead of the default filename
"SETTINGS.INI"). If you don't specify the name of the configuration file in the command line, the
program uses "SETTINGS.INI" for the first running instance, "SETTING2.INI" for the second and
"SETTING3.INI" for any further instance.

This can be achieved by passing one or more arguments to Spectrum Lab during program start. The first
character in each argument must be a lower case letter defining the type of the argument, followed by a
'='-character and the assigned value (e.g. a filename). Example:

SpecLab.exe m=Machinel.ini u=BandView.in1 "t=Full Range Band View"

This will force Spectrum Lab to load the machine configuration data from "Machinel.ini" and the user
configuration data from "BandView.ini". The main window will have the title "Full Range Band View".

A more-or-less complete overview of command line parameters is in the next chapter.
Command line parameters prefixed with a slash, which are not listed below, will be passed on to
Spectrum Lab's internal command interpreter (see the "capture"-example below).

Using a <key>=<value> syntax explained further below, Spectrum Lab can be instructed to use a
different window title, load a certain configuration, etc.
For special purposes, a few more command line options were implemented . There are:

* <filename.wav> Any string ending with the extension ".wav" is considered an audio file, which
will be played (instead of processing the input from the soundcard, or whatever used as standard
audio source).

* /si single-instance option. If the program is invoked with this switch, it will check if there is
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another instance already running. Instead of launching a new instance, the rest of the command
line will then be sent automatically to the first (already running) instance, which will then evaluate
it a few milliseconds later. See examples below.

/q tells the program to quit automatically when "finished" with playing an audio file. If it does not
play an audio file, it terminates itself immediately. Can be used together with the /si-option to fill
Spectrum Lab's internal playlist !

/w tells the program to wait until the specified audio file has been played (or analysed), similar to
the /q option mentioned above. The rest of the command line (after the /w) will be parsed -or at
least "executed"- after finishing the file analysis. This allows, for example, to produce a screenshot
of the spectrogram *after* the file has been analysed (see examples below).

/debug runs the program in "debug" mode. This creates a logfile as explained in the
troubleshooting guide.

/noasio do not use ASIO drivers (only standard multimedia drivers).

Implemented 2011-08-09 when the program seemed to crash while trying to enumerate the
available ASIO drivers.

/inst=N overrides the instance-detection, and instructs the program to run as the N-th instance
(N=1 to 6)

Command line parameters in the form <key>=<value> are explained in another chapter.

Some special examples:

SpecLab.exe C:\Spectrum\SpecLab.exe /si "C:\Musik\Joe Jackson\Classic Collection\

TO3 Steppin_Out.wav" /q

plays a certain wave file from the harddisk, and terminates itself when finished.

SpecLab.exe /si /q

Checks if there is an instance of SL already running, terminates that first running instance (by
sending the /q command = quit to the first instance), and finally terminates itself. Can be used in a
batchfile to close down Spectrum Lab automatically.

SpecLab.exe /si /capture

Sends the command to produce a screen capture of the waterfall (etc) to the first instance of
SpectrumLab. The same way, most interpreter commands can be invoked through the command
line !

SpecLab.exe /si "t=Oops, what happend to my title ?"

Changes the window title of the first instance (which already ran before this command was
executed).

SpecLab.exe test.wav /sp.print("Test") /w /capture("test.jpg") /q

Analyses the file "test.wav", prints a message into the spectrogram, waits until the analysis is
done, captures the (spectrogram-)screen as "test.jpg", and finally quits. Note the importance of the
sequence, especially the /w option.

See also: Communication with external programs, Audio Clients and Servers,

Using a system with more than one audio device,

Overwiev of command line parameters,
Running multiple instances (with different configurations),

Creating shortcuts for different configurations,

back to top

2.11.1 Overwiev of command line parameters

The following command line parameters are specified in the form <key>=<value>.

Note that there must be no spaces between the key (keyword), the '=' character, and the value.

If the value is a string with space characters, the command line argument must be embedded in double
quotes (so the windows command line parser will recognize it as a single argument).
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m= sets the name of the machine configuration file
u= sets the name of the user configuration file
t= sets a new title for Spectrum Lab's main window only

T= sets a new fitle for the main window and the text in the windows task bar.
Example (see screenshot on the right):
SpecLab.exe "T=VLF Spectrogram"

The following command line switches are prefixed with a slash character (or backslash). Most of them do
not use a <key>=<value> syntax:

/si : option (switch) to send the rest of the command line to the first running instance. Explained here in
detail.

/q : quit option. Instructs the program to terminate itself when "finished", usually with playing a wave file
etc.

/w : wait option. Waits for file analysis, before the rest of the command line is executed. Details here .

/nomenu : hides the main menu (and the window borders) after launching the program. To restore the
main menu, press ESCAPE.

/inst=N : overrides the instance-detection, and instructs the program to run as the N-th instance (N=1 to 6)

/noasio : Do not use ASIO drivers (only standard multimedia drivers).
Implemented 2011-08-09 when the program seemed to crash while trying to enumerate the available
ASIO drivers.

/debug : For debugging purposes, specifiy the option /debug on the command line when launching
Spectrum Lab. The program will write a file named "debug_run_log.txt" into the current directory, which
may help me tracing bugs (answering questions like "how far did it get" - "where did it crash" - "why did
it load so slow" - etc ).

This proved to be a very helpful debugging aid, when the program crashed on certain machines, using a
certain windows version, a certain soundcard, etc. The contents of this debug log may look like this (just
an example, when the program terminated "normally") :

19:38:45.9 Logfile created, date 2012-10-15

19:38:45.9 checking instance...

19:38:45.9 Executable: c:\Spectrum\SpecLab.exe
19:38:45.9 Compiled : Oct 15 2012

19:38:45.9 Data Files: c:\Spectrum

19:38:45.9 init application...
... (many lines removed here)
19:38:55.7 Beginning to close ....
... (many lines removed here as well)
19:38:59.4 Deleting SPECTRUM objects
19:38:59.4 Deleting other buffers
19:38:59.4 FormClose done
19:38:59.4 0Ok, all 85 dynamic memory blocks were freed.
19:38:59.4 Reached last termination step; closing logfile. (this message indicates
that the program closed "as it should")

If you find any messages like "Serious Bug", "Fatal Error", "Allocation Error", "Application Error" etc in
that list, please let me know.

More details about running Spectrum Lab in 'debug' mode, and how/where to report bugs, is in the
"Troubleshooting' notes.

back to top
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2.11.2 Running multiple instances of the program

If is possible to have more than one instance of Spectrum Lab running at the same time on a single PC.
The number of instances depends on the CPU speed and amount of installed RAM.

In the "old days", a single soundcard could only be opened by a single program, but these days (unless
you need to use an ASIO driver) a single soundcard can be used by multiple programs, preferrably all
using the same sampling rate. See "Using a system with more than one audio device" in the description of
the configuration dialog.

If two instances of Spectrum Lab run side-by-side on the same PC, the program ensures that different
configuration files are used as described above.(at least for the first and second started instance). This
allows you to start two instances with the same shortcut icon on the desktop. Even different window
positions and sizes are saved in the configuration files. During program start, Spectrum Lab checks if it
"already runs" in another instance. If so, the title of the 2nd instance's main window will display
something like this to avoid confusion:

% Spectrum Laboratory ¥1.67 b3 [2] = B3

File Start/Stop  Optiohe  Quick Settings  Alert Function  Yiew windows  Help

The "[2]" in the window title also appears on some of the second instance's child windows.

Programmer's Information:
The detection of other instances uses mutexes. The first instance creates a mutex called "SpecLab1", the second a mutex
"SpecLab2". This is also a way to detect the presence of Spectrum Lab for other programs.
To bypass the instance-detection (which may be necessary in very rare cases), use the /inst=N command line option

(N=1...6) .

back to top

2.11.3 Creating shortcuts for different configurations

You can create a shortcut ICON with command line arguments / parameters. Right-Click on an empty
space of the desktop, then select "New..Shortcut (?? on a german PC: "Verkniipfung"), then find your way
to the directory where SpecLab is installed, and append the command line parameters (using hyphens).
The complete string should look like this (just an example, the path may be different on your machine !):

C:\Spectrum\SpecLab.exe "m=Machinel.ini" "u=BandView.ini" "t=My Title"
back to top

2.11.4 Configuration data files

A lot(!) of configuration parameters are saved between to SpecLab sessions in old-fashioned INI files (not
in the registry ! ). One contains only machine-specific data (and should not be copied from one PC to
another), the other only stores application-specific data (and can safely be copied from one PC to another,
to run the program with the same settings there).

The machine configuration data contain:

* the information which audio device (soundcard etc) shall be used, and how it is accessed
 calibration tables for the audio device (true sample rates etc)

* interface setup to control a transceiver (COM-port, control lines etc)

* and possibly something more

The user configuration data contain:

* screen setup
* sample rate, frequency range, FFT resolution,
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* amplitude range
» waterfall scroll rate, display colors, etc etc etc

back to top
See also: Spectrum Lab's main index

Last modified : 2020-10-23

Benétigen Sie eine deutsche Ubersetzung ? Vielleicht hilft dieser Ubersetzer - auch wenn das Resultat
z.T. recht "drollig" ausfallt !
Avez-vous besoin d'une traduction en frangais ? Peut-étre que ce traducteur vous aidera !
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* Contents
* Controls
* Displays
* Settings

e Filters
e W

3 Controls in the main window

The main window of spectrum lab contains the most important controls and output of the spectrum
analyzer:

e  Main Window with menu

* Predefined settings (in the "quick settings" menu)

* Spectrum Display (in separate document, with frequency scale, waterfall and/or spectrum graph)

¢ Time Axis

» Controls on the left side of the main window (with frequency control panel, various sliders,
progress button, programmable buttons, etc)

* Controls on the bottom of the main window (with the spectrum buffer overview)

» Cursor Position Display (readout cursor)

* Color Palette Control ("contrast and brightness" of the waterfall)

e Progress Indicator / Stop button
* Programmable buttons

Other functions may be implemented in other windows, which you can open from the "View" menu (in
SL's main menu).

See also: Spectrum Lab's main index.

3.1 Main Window, main menu

The main window contains the main menu, the spectrum display (on the right side) and -optionally- some
control elements on the left side, and some in the control bar on the bottom.

The main menu contains the following items:

3.1.1 File

This menu is used to..
load settings, change directories and select file names for screen captures, etc configure screen capture,
periodic and scheduled actions, Select audio files for logging and for analysis.
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3.1.2 Start/Stop

This item in the main menu can..
start and stop the audio processing thread,
the spectrum analyzer,
disable audio input from, and output to the soundcard.

3.1.3 Options

Purpose of this item in the main menu:
change Audio settings, FFT settings (for the spectrum analyzer),
display settings, colours, etc,
configure the Radio Direction Finder (RDF),
change options for saving and analyzing wave files,
launch the soundcard's volume control program for "record" and "play",
and some other specials functions.

3.1.4 Quick Settings

This menu allows to change all settings of Spectrum Lab very quickly. There are some predefined settings
in this menu, and some user-defineable entries which are initially empty. More about creating and adding
your own set of settings can be found here.

Some of the built-in configuration in the "Quick Settings" menu are described further below.

3.1.5 Components

Configures some of the components in SL's signal analysis circuit, for example: Input monitor, output
monitor,

Test Signal Generator,

Filter Control Window,

Second Spectrogram window,

Time Domain Scope (‘oscilloscope'),
Watch List and Plot window,

Command Interpreter window.

3.1.6 View/Windows

The items in this menu toggle some of the more frequently used options in SL's main display screen. It
can also be used to open some other windows belonging to Spectrum Lab, which are not related to the
'test circuit' (unlike the 'Components' menu). The "View/Windows" menu allows you to switch to any of
these sub-windows quickly, even if they are hidden by other windows.
Some of the sub-windows are listed here:

* toggle the spectrogram (waterfall) display on/off;

* toggle the spectrum graph (curve display) on/off;

* toggle the amplitude bar;

* toggle the correlogram;

* show/hide the controls on the left side of the main window;

* show/hide the controls on the bottom of the main window;

* hide the main window and the title bar (press ESCAPE to restore them);
» switch to the Watch List and Plot window;

* open Spectrum Lab's Command Interpreter window;
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* access some other screens, mainly for debugging, which you will hardly ever use.

Hint: Windows which are already opened will be checked in the "View/Windows". You can quickly
switch between them, even if they are completely hidden by other windows on the desktop, by pressing
CTRL-F6 ("Switch between SL's open windows"). This works a bit like the Windows task switcher (ALT-
TAB), but only switches through Spectrum Lab's own windows. But a few SL windows may (or may not)
be visible in the windows task bar.

3.1.7 Help

Contains some topics of the help system and the inevitable "about"-box. The help system only works
properly if there is an HTML browser installed on your system which supports jumps to anchors in the
html documents through the command line. For example, if help about the spectrum graph shall be
displayed, SpecLab invokes the browser with the command line argument
"../html/specdisp.htm#spectrum_graph" (or similar).

If the browser is too stupid to scroll to the anchor (like some Firefox versions), try another browser. In the
SL configuration, switch to 'Filenames' (tab), and enter the full path and name of the browser (executable)
in the ' HTML Browser' field (you can double-click into the field to open a file selector dialog for *.exe
files) :

SpeclLab Configuration and Display Control — O
spectrum(1) | @ | @ | .@ | RadoDF | FFT | Audiovo | ADIDA Server |
TRX Control l Memory Filenames l Audio Files ] Markers l System ] Freq-Resp ]

|7 use relative path if possible, base: Ccbprej\Speclab

Machine Config : |I{C'C-NFIE. INT

HTML browser |"C‘:\Prcgram Files (x86)\Google\Chrome\Application'chrome.exe™

Shown: Settings for Analyser 1, channel 1 (L)

& Apply ‘ B ciose ‘

So sorry to see you replaced by this browser, dear Firefox..

You can check the last command line that Spectrum Lab used to open the last help topic: In the main
menu, select 'Help' .. 'Show last browser command'. Spectrum Lab looks for the path to the browser in the
registry, first for Firefox and Opera, and finally (if no other browser was found) it looks for the key
"HKEY CLASSES ROOT\htmlfile\shell\open\command".

The 'Help' menu also contains an item named 'Check for Update via Web Browser'. Use this function
occasionally. It will open a simple webpage, which checks if your version of Spectrum Lab is still up-to-
date, based on the program's compilation date, which is sent through the HTML query string. Please use
this function if you experience problems, before reporting bugs, as explained in the document about
'troubleshooting'.

back to top

3.2 Built-in "Quick Settings" (in the main menu)

Some typical configurations can be recalled from the "Quick Settigns" menu. In contrast to the user-
defined settings (in the lower part of that menu), the following configurations are hard-coded in the
program - so they don't have to be loaded from an external configuration file. Most of these settings are
organized in categories (in the form of submenus), to avoid a bulky long top-level menu. The following
list may be incomplete since the program still keeps growing:

* Radio Equipment Tests
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includes two-tone test (with calculation of 3rd-order intermodulation products), and a SINAD test
procedure.

* Slow Morse Reception
Used by radio amateurs to detect very weak, but coherent signals.

* Predefined Digimodes
Opens the digimode terminal, and shows a selection list for some of the implemented "digimodes"
(like PSK, Hell, transmission of Slow Morse Code, etc).

* Other Amateur Radio Modes
Optimizes the spectrum display to receive other amateur radio transmissions, without opening the
digimode terminal

» Image-cancelling DC receiver (with separate I/Q inputs)
Experiments with software-defined radio; more details here.

* Colour Direction Finder
Switches the waterfall into Radio Direction Finder-mode without affecting other settings.

* Natural Radio, Animal Voices
Spectrograms optimized for natural radio (sferics, "tweeks", and "whistlers"); Spectrograms to
examine human voice and animals in the audible spectrum, and a special mode to convert
ultrasonic bat calls into the audio range with a fast real-time spectrogram (requires a fast PC (at
least 1.7GHz) and a soundcard with at least 96 kHz sampling rate).

* Reassigned Spectrograms
can, under certain conditions, increase the time- and frequency resolution. The items in this
submenu are:

* Time- and frequency reassigned display
Switches from 'classic' waterfall to reassigned display mode, without changing anything
else. If this item is checked, the display already runs in 'reassigned spectrogram' mode.

* Frequency- but not time-reassigned display
Similar, but reassigns the short time fourier transforms along the frequency axis (not along
the time axis).

* Classic Spectrogram
Switches back to the classic (non-reassigned) spectrogram display.

* "Voices" (reassigned)
This is a sample application for a reassigned spectrogram, using a relatively fast, non-
scrolling spectrogram with a logarithmic frequency scale.

Details about reassigned spectrograms are in a separate document; a comparison between a
'classic' spectrogram and a reassigned spectrogram is here .

* Restore all "factory" settings
Helpful if you got lost in all those settings, and cannot get the program working again. This
function restores most settings to the same state after the original installation (except for a few
machine-dependent settings, like calibration of the sampling rates, etc).

See also: main menu , help index .
back to top

3.3 Spectrum Display

The spectrum display shows the spectrum of the analyzed signal as spectrum graph and/or waterfall.

Both display types are explained here in more detail.
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As an overlay for the spectrum graph, a reference curve can be displayed.

back to top

3.4 Control Elements in the main window

The control elements are usually visible on the left side of the main window. You can turn them off from
the main menu ("View") to increase the visible size of the spectrum display. (the different forms of the
spectrum display are explained in a separate document)

Some of the controls on the left side of the main window are explained in the following sections. There
1S ...

* atabbed display control panel with frequency control, Time slider (to scroll back), and RDF
compass .
 the Cursor Display

e the Color Legend / Palette Control panel

e the Progress Indicator / Stop button
* and some programmable buttons

Mainly used as a buffer-preview for long-term observations, there are also some controls on the bottom
of the main window:

* The large-buffer-overwiew
* Navigation buttons to scroll the spectrogram through the large buffer

3.4.1 Tabbed display control panel

There is a tabbed control panel on the left side of Spectrum Lab's main window, showing...

* the displayed frequency range for the main spectrogram (waterfall) and/or spectrum graph

* the time,
* and -depending on the display mode- a colour palette for the colour-coded RDF Spectrogram

Frequency control panel (in SpecL.ab's main window)

Freq |Time | ROF |

vfol 3 035l 000 | Hz
fc [7.0310 MMz ﬂ
=p [158.73 kHz
[FE =

(frequency control tab)

Controls on the 'Freq'-tab in the main window:

VFO (Variable Frequency Ocillator "tune frequency")
Tuning frequency for the 'VFO' in an external SDR, like SDR-IQ, Perseus, or an external hardware
controlled via CAT interface, Audio-I/O- or ExtIO-DLL. In configurations without 'controllable’
frequency conversion, leave this field zero. Note: In additon to the '"VFO frequency', there is another
frequency offset which may be added to the display - see Radio Frequency Offset .

fc (center frequency for the spectrum/spectrogram)
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Can be used to set the displayed center frequency manually. But in most cases, it's easier to move
the main frequency scale with the mouse.

sp (frequency span for the spectrum/spectrogram)
Can be used to change the displayed frequency range. But in most cases, it's easier to do this with
the zoom buttons, or with the content menu of the main frequency scale.

--- or, alternatively, instead of 'fc' and 'sp' : ---

f1 (minimum frequency for the spectrum/spectrogram display)
This an alternative to define the displayed frequency by 'fc' and 'sp' (center frequency and span).

f2 (maximum frequency for the spectrum/spectrogram display)
Together with 'f1', this is an alternative method to define the displayed frequency range.
Select between 'fc'/'sp' and 'f1'/'f2' with the options menu mentioned below.

opt (‘options' button on the 'Freq' panel)
Opens a small menu with VFO / frequency related options:

Frequency controls: Center frequency and span, or min- and max frequency
Allows to switch between the two alternative style to define the displayed frequency range.
See explanation of the input fields 'fc'/'sp' and 'f1'/'f2" above.

Include VFO frequency on frequency scale
When checked, the "VFO frequency' is included in the labels on the main frequency scale.
When not checked, the main frequency scale shows the 'baseband' (or 'audio') frequency
range.

Synchronize 'VFQO' frequency with the remotely controlled rig
When checked, the VFO frequency will be transferred in both directions (via CAT, CI-V, or
similar): Changing the frequency in SL's '"VFO' input field (via keyboard or mousewheel) will
also change the radio's frequency. Vice versa, turning the radio's VFO knob will also set
Spectrum Lab's 'VFO' edit field, and optionally also modify the main frequency scale.
Without this option, only 'black-box' SDRs without their own frequency controls will be
controlled by SpecLab.

Fixed display span at 1 pixel per FFT frequency bin
When checked, the 'frequency span' (sp) is automatically set to that each horizontal pixel
position on the spectrum/spectrogram exactly matches one FFT frequency bin.

Disable auto-apply and increment/decrement for frequency input fields
When checked, the 'frequency’ input fields (VFO, display center, and display span) behave as
in older versions, without automatically 'finishing' the input, and without the possibility to
increase/decrease the current values via cursor keys or mousewheel. Input to those input fields
must then be finished manually with the ENTER key.

Values in the above 'frequency’ fields can be entered directly (through the keyboard). In addition, you can
increment/decrement the current value with the cursor keys, or the mousewheel. The cursor position (not
to be confused with the mouse pointer) defines the stepwidth.

When typing a frequency into any of these three edit fields, you can enter expressions like "135.8k"
instead of 135800 if you like. The input will be converted to the standard notation when pressing ENTER,
unless the the 'auto-apply' option is disabled in the 'opt' menu mentioned above.

Other tabs of this control panel are explained in the next chapter, and -possibly- in other documents
because there may be more tabs than in the screenshot shown above.

See also: Help index, Settings for remote VFO control via CI-V, Displaying Icom's broadband spectrum.
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3.4.2 Time Axis

The "Time Axis" panel shows the current time and the time of the latest waterfall line. It may also be used
for scrolling the waterfall "back in time".
Tirme A

Mow: 21:15:16
View: 21:15:16

L | 0|

If the spectrum line buffer is large enough (larger than the number of waterfall lines on screen), you may
scroll the time axis of the waterfall "back to the past". Old parts of the waterfall which have already
disappeared from the screen can be made visible again, you may also zoom the old parts of the waterfall
using the controls on the "Frequency Axis"-panel or change their color using the controls on the "Color
Palette"-panel.

Shifting the slider on the "Time Axis"-panel to the RIGHT will scroll the contents of the waterfall back to
the past. The waterfall will stop it's real-time-scrolling as long as the time-slider is not in the leftmost
position. The FFT output will be recorded in the background then (but data collecting will not stop).

This situation is indicated by the "Time Axis"-panel changing its color from the usual gray to a light cyan.
As long as you see the "Time Axis"-panel in an unusual color, you know that the waterfall display is not
in "real-time"-mode but shows old data.

The amount of time (seconds, minutes, hours, or even days) is dictated by the waterfall scroll rate in
conjunction with the spectrum buffer size. The spectrum buffer size can be modified on a special tab of
the configuration screen,

Shifting the time-slider back fully to the LEFT will return to "real-time"-mode.

The "Time Axis"-panel also shows the current time ("NOW:") and the time when the latest visible
waterfall line has been recorded ("VIEW:"). In "real-time"-mode of the waterfall there will only be a
maximum difference of one FFT calculation interval between the "NOW"- and "VIEW"- time.

Note that the "Time Axis" panel (like all other time-indicators in this program) use UTC (=GMT) to be
independent of the earth's timezones. If you don't see the correct time shown in UTC on this panel, you
should check the time settings of your PC (double-click the time display in the task bar).

An alternative to the slider on the time-panel is the buffer-overview bar on the bottom of the main
window.

back to top

3.4.3 Cursor Position Display

The Cursor Position panel shows information about the current mouse (cursor) location.

ur=or Position
15624 9983 Hz(f)
-33.20B 69.60°
06:37:05.7

The display on the cursor-panel depends on the cursor display mode, which can be switched by clicking
on the frame of the cursor panel. Some of the cursor display modes and -options are:

» Simple (one or two independent cursors)
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* Delta (show frequency- and amplitude differences between the two cursors)
* Peak-detecting within narrow frequency range (the range is +/- 4 pixels along the frequency scale)

* Amplitude from mouse-cursor, not from plotted data (only works in the spectrum graph, not in the
spectrogram).
If this option is selected, the displayed amplitude is not related to the measurement, but only to the
cursor position.

* Let cursor #1 follow the mouse position
With this option, you don't have to click anywhere to change the position of readout-cursor #1
(red).

* Show info text near mouse pointer (shows frequency and amplitude of the mouse pointer position
as text near the pointer)

In "simple" cursor mode, the cursor display panel shows...

* The upper line in the cursor box usually shows the frequency for the mouse-position, or (if the
readout-cursor is fixed to a certain position), the frequency of the cursor's fixed position. In peak-
detecting mode, the frequency may vary even if the pixel-position of the cursor (in the
spectrogram) is constant (like in fixed-cursor mode). The peak-detecting range is a few pixels on
the waterfall screen. The peak itself can be seen as a small green circle in the spectrum graph.
Note: the displayed frequency has a larger resolution, and usually also a larger accuracy than
dictated by the FFT bin width, thanks to a special interpolation subroutine.

* The second line usually shows the frequency (in Hertz) and the amplitude (decibel or percent)
related to the mouse position.
In Radio-Direction-Finder mode, the cursor box also displays the direction towards the transmitter
of the displayed signal (note that this RDF is frequency-sensitive).

* The third line may show other infos, for example the timestamp when the waterfall line under the
cursor has been recorded (hr:min:sec).

If the control bar on the left side of the main window is switched off, the cursor text is displayed on the
right edge of the main menu, so the cursor data can be seen even without the cursor display panel.

Note: Since May 2004, the text on the cursor panel can be selected with the mouse, and copied into the
clipboard (with CTRL-C as usual). This makes it easier, for example, to transfer the peak-frequency into
any other edit field, calibration table, or any text document.

For some special applications, you can retrieve the frequency , amplitude, and timestamp of the readout
cursor with the interpreter function spa.cursor.xxx .

3.4.3.1 Fixing the cursor on a certain frequency

The displayed data in the cursor window can optionally be fixed to a certain frequency, no matter where
you move the mouse. To achieve this, click into the spectrogram near the "frequency of interest" with the
right mouse button. In the popup menu which opens, select one of the "Set Cursor To..." functions.

To switch back from fixed-cursor to mouse-cursor mode, select the function "unlock cursor"” in the
waterfall popup menu.

back to top
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3.4.4 Color Palette Control

Color Palette | The Color Palette panel on the main window m blackzwhite
Bl 1 IW shows all colors that are currently used for the B M | BlackRedGreenBlueviolst
5 T TR T | . . " " B Blue2Redzyellow
waterfall display (a kind of "color legend"). S orclogram_cyan_red
B current
10048 50 O] The two sliders on the "Color Palette" control - = -
panel affect the brightness (B) and contrast (C) of ||l B cris_Coul_4_AF)
the waterfall colour assignment. This is an important feature if you NS [ hest pabttel .
R - ! N jirn_black_blue_red_green_white
are digging for weak signals, because it allows you to enhance the B ir_ur_down
readability on the fly ! The palette looks a bit different if the waterfall il W jmwDiscretsSpectrum
! B jresmoothSpectrum

runs in Radio Direction Finder mode, but the B & C controls work in | s i

both modes (in RDF/CDF mode, Contrast/Brightness only affect the I 3 Dpen:a';_ié
luminosity but not the color hue values). -_ Il EEEEle}a
B | openlab_ad4
Note: O openlab_AS
If the brighness slider is labelled "b" (instead of "B"), the . Dpen:a';_%
automatic brightness control ("visual AGC") is active. = i
W orerlsb B
Click.into the colo'r bar to pick a differ;nt colour pa!ette. All palettes HI i III ;aéiizﬁitgweeps
contained located in the 'palettes' subdirectory are displayed in the N JIUE ROF _rulti_sweep
10l ROF_mulki_sweep_2

menu (see screenshot on the right side).

B RCF _palettez

B ROF_paletted
romero
speckran
spectrandark
0 spectrogram i

W stereocd_cyan_red
r = !

too_many_colours

W hitezblack

If necessary, additional colour palettes can be created with SL's built-
in color palette editor.

At the lower side of the color control panel is a scale which usually
shows some decibel values. Double-click into the decibel scale to
open SL's settings dialog where you can modify the visible amplitude
range (usually specified in dB, but linear scales are also possible).

Note: Instead of cranking up the "contrast" slider to the maximum (to dig weak signals out of the noise),
you can also reduce the 'Displayed Amplitude Range' in the spectrum display configuration as explained
here . For example, if the "interesting" signals are all in the range -60 dB to -50 dB, don't use an
amplitude display range of -120 dB to 0 dB (instead, use -70 dB to -40 dB ).

See also: palette editor , visual AGC , help index
back to top

3.4.5 Progress Indicator/Stop Button

This button on the left side of the main window (under the contrast / brightness slilders) has different
functions, which will be shown as a text on this button.

Logging 80 kB | u

The button's surface may...

* Show the current size of a log file (if file logging is active) and stops file logging

* Show the current position in the analyzed input file (if file analysis is active) and stops file
analysis

* Show error messages like shortage of buffer memory or too slow CPUs (during "normal"
operation)

Spectrum Lab Manual V 2.96 34/294


../html/wavfiles.htm
../html/index.htm#top
../html/specdisp.htm#visual_AGC
../html/colorpal.htm#palette_edit
../html/settings.htm#displayed_amplitude_range
../html/settings.htm#display_settings
../html/colorpal.htm
../html/specdisp.htm#visual_AGC
../html/colourdf.htm
../html/specdisp.htm#waterfall

* Show a hint as long as there are not enough samples collected for full spectral resolution
(i.e. "waiting for more data until the first FFT can be calculated" or "showing a preliminary, zero-

padded FFT ")

Clicking on the progress button can take you to a more detailed error description, or clear (acknowledge)
a certain message .

back to top

3.4.6 Programmable buttons

On the left side of the main window, there are a few programmable buttons (which you can only see if the
window is large enough..). These buttons are completely user programmable, both the text in the button,
and the function which will be executed when the user clicks one of these buttons.

Capture now |
Tirme: 17:36:57.1 |
peak at 323,46 Hz |

To execute the button's programmed function, click it with the left mouse key or press enter when it's
selected.

To change the button's programmed function and its text, click it with the right mouse key to open the
following dialog:

Macro Button Editor - button[1] [x]

“ariahle String Expression for Menu kem

|"Capt.u1:e T+atr("hhiwm: 3", now)
|7 evaluate and update caption periodically

Irnterpreter Command(s) to be executed on click

|capture [Mocapt+str ("TYMMDDhhnwm ™, now) 4+ . Jpa™ )
Hotkery (decimal keyboard code): 112 =F1

|_ hatkey always active, regardless of keyvboard focus

X ~bbrechen ‘ ? Hilte ‘

The field "variable String Expression for button text" defines the text on the button's face (caption). This
can be a simple fixed text string (embedded in double quotes), or a combined string expression like this:

"Time: "+str ("hh:mm:ss.s", now)

More about this can be found in the description of Spectrum Lab's built-in interpreter, look for "string
expressions" there. If the button text is not a fixed string but a variable expression, set the checkmark
"evaluate and update caption periodically".

The field "Interpreter Command(s) to be executed on click with left button defines what shall happen
when the user clicks a programmable button. This is usually a sequence of interpreter commands

(explained in another document), but it is also possible to run external programs this way using the "exec"
command.

In the screenshot above, the 'capture' command is used to produce a screenshot which contains the current
date+time in the filename whenever the user clicks on the self-defined button "Capture now". However,
you can do an awful lot of other things with the programmable buttons once you know how to use
Spectrum Lab's built-in command interpreter.

The field "Hotkey" allows you to define a hotkey for the programmable button. Pressing the hotkey will
have the same effect as clicking on the button with the left mouse key (see above). An empty hotkey, or
the value zero means the button can only be activated with the mouse, but not through the keyboard. The
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keyboard-combination must be entered as a decimal value (windows "virtual key" code, see below). The
code can be easily found by clearing the hotkey field, and pressing the hotkey (on the keyboard, for
example F1). If the hotkey edit field is empty, it will automatically be filled with the decimal value. A few
decimal keyboard codes are shown below.

F-Key F1 |[F2 F3 |[F4 F5 F6 [F7 F8 F9 [FI10 F11 FI2

code (without SHIFT etc) 112 113 114 115 116 117 118 119 120|121 122 123

with SHIFT key (= code +256) 368 369 370 371 372 373 374 |375 376 |377 378 379

with CTRL key (= code +512) 624 625 626 627 628 629 |630 631 632 633 634 635

With the option

'hotkey always active, regardless of keyboard focus'
set, the programmable button can even be activated via its hotkey if the keyboard focus (aka 'input focus')
is currently on a different window. Without this option, the buttons can only be active if the focus is on
Spectrum Lab's main window.

Usually the programmable buttons are used to invoke interpreter commands (as explained above). But
those buttons on the left side of the main window can also be controlled through SL's command
interpreter. Here is an example to change the background colour of the first (i.e. topmost) button:

button[l].color = OxCOFFFF : REM change background to light Cyan

The format of the hexadecimal colour codes is similar to HTML: 0xXRRGGBB, where each of the three
components (RR=red, GG=green, BB=blue) ranges from 00 = minimum to FF = maximum brightness.
0x000000 is black, OxFF0000 is pure red, 0OxO0FFO0O0 is pure blue, 0x0000FF is pure green, OXFFFFFF is
bright white. A negative colour value restores the button's dull grayish background colour.

If the button number is omitted, the interpreter will access the button which is currently been 'executed'
(eg. clicked). This way, a button can change its own colour when clicked, or when its hotkey is pressed.

See also: String expressions, command- and function overview, Index .

3.5 Controls on the bottom of the main window

To open an additional control bar on the bottom of the main window, select "View/Windows"..."Control
bar on bottom" in the main menu. Some of the controls in the bottom bar are explained below (but not all,
because this is still "in the making"). If this control bar is visible, the bottom of the main window may
look like this:

The screenshot also shows a part of the main spectrogram. The bottom control bar below it contains an
overview of the spectrum buffer (which can be configured through a menu). It only makes sense to turn
this control bar on if the spectrum buffer covers a larger timespan than the main spectrogram. If you don't
need this control bar, turn it off using the popup menu in the lower right corner.

3.5.1 The Spectrum Buffer Overwiew (in the bottom control bar)

The narrow spectrogram in the control bar contains an overview of the buffer contents. By default, the
whole buffer is visible, but you can also zoom in with the buttons on the right side. The part of the buffer
which is visible in the main spectrogram is marked with a small red or green rectangle. Red colour means
"the main spectrogram is scrolled back in time", green colour means "the main spectrogram shows the
most recent data, it is NOT scrolled back".

To scroll back and forth, you can grab the indicator rectangle with the mouse and move it left or right.
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Because the overview may be zoomed, you can alternatively use the navigation buttons which are
explained below.

3.5.2 Navigation buttons to scroll through the spectrogram buffer

The two buttons next to the overwiev can be used to scroll the main spectrogram through the buffer, page-
by-page (the left button jumps further into the past, the right button from past to present, until the
indicator turns green as explained above).

The two zoom-buttons can be used to zoom the buffer overwiew (they do NOT affect the main
spectrogram !). This is helpful if the buffer contains a really HUGE amount of spectrum lines, for
example an overnight recording.

The menu button in the bottom control bar opens a small popup window where you can find some options
for the spectrogram overview, one of them is to open the configuration screen with the spectrum buffer

settings.

Last modified : 2020-10-23

Benétigen Sie eine deutsche Ubersetzung ? Vielleicht hilft dieser Ubersetzer - auch wenn das Resultat
z.T. recht "drollig" ausfallt !
Avez-vous besoin d'une traduction en francais ? Peut-étre que ce traducteur vous aidera !

* Controls:

* Menus

* Quick Settings
* Control Tabs

* Color Palette

* Buttons
s W
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* Contents
* Controls
* Displays
» Settings

e Filters
e W

4 Spectrum Displays

Overview (about spectrum displays)

1. Spectrum Graph

2. Waterfall Display (classic spectrogram)

1. Multi-strip spectrogram (usable as "Morse Tape Reader", etc)

Visual AGC (for the spectrogram colour palette

Amplitude Bar

Reassigned Spectrogram

3D Spectrum Display

AR

Correlogram
7. Displaying Icom's broadband spectrum instead of SL's FFT output

3. Main Frequency Scale

4. Radio Station Frequency List

5. Single- or dual-channel operation of the spectrum analyser
6. Spectrum averaging (Overview)

7. The "second spectrogram"

See also: Spectrum Lab's main index, 'A to Z', display settings, Controls on the left side and on the bottom
of the main window (separate documents).

4.1 1. Spectrum Graph

This graph shows the spectrum as a line plot. One axis of this graph is the frequency domain (with an
optional display offset), the other is the amplitude (linear or logarithmic, depending on the current FET

output type).
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(spectrum gaph, frequency scale with filter passband controls, and spectrogram display)

With logarithmic FFT output, the amplitude scale is in decibels (about 90 decibels maximum). The 0-dB-
point can be set anywhere from the display configuration dialog (or by command).

The relation between input voltage into the A/D-converter and the FFT output value in decibel (dB) is
explained here (use your browser's "back" button to return..)

The displayed amplitude range can be modified in the setup dialog.

As an overlay for the spectrum graph, a reference curve can be displayed, a peak-holding curve (which
shows the largest peaks from the previous XX seconds; green in the screenshot above), and an average
spectrum curve (which shows the average over a selectable part of the spectrogram; red in the screenshot
above).

The display colours -also the "pens" used for various curves- can also be modified in the setup dialog.

You may right-click into the spectrum graph to open a popup-menu which allows you to:

* turn an amplitude- and frequency grid on and off
* rotate the spectrum (along with the waterfall) by 90 degress.
* switch between "split window" and "full-size plot" (no waterfall)

* select between the normal graph mode and a special coloured-bargraph, where each bar is painted
in the same colour as the waterfall (amplitude-dependent).

* turn the "peak holding graph" on and off (in the submenu "Spectrum Graph Options")
* turn the "momentary" (non-averaged) graph on and off (in the same submenu)

* turn the "long term average spectrum" on and off (details in the chapter about averaging)
* ... and a few other settings for the spectrum graph

The update-rate of this display (as well as the waterfall) depends on the waterfall scroll rate.
The frequency resolution depends on the sampling rate, decimation, FFT size, and FFT window function.

The displayed frequency range may be modified with the Time Axis panel or by pulling the (yellow or
orange) frequency scale with the mouse. Hold the left button pressed and move the mouse left/right (or
up/down) while the mouse cursor is over the yellow frequency axis.

There may be some programmable markers visible on the frequency scale, some of them can be moved
with the mouse while others are just 'indicators' (for example: the frequency of the LO ("VFO") can be
tied to one of these markers).

Small green and green circles in the graph area indicate the data-readout-cursor in peak-detecting mode,
small red and green crosses are the readout-cursors in normal (non-peak-detecting) mode.
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See also:

* FFT Averaging : Different kinds of spectral averaging help to reduce noise when looking for weak
but coherent signals. Averaging operates on a sequence of FFTs.

* FFT Smoothing : Further reduction of "visible" noise when looking for weak and incoherent
signals. Smoothing operates on neighbouring frequency bins, and causes some "blurring" along
the frequency axis.

back to top

4.2 2. Waterfall Display (aka Spectrogram)

This scrolling bitmap usually shows the "history" of the last recorded spectra. As time proceeds, old
samples will be scrolled out of view; but they can be scrolled back with the time slider on the "Time
panel (in the upper left corner of the main window).

"
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(stereo spectrogram with amplitude bar and log frequency scale)

The intensity (amplitude) of a particular frequency affects the color of a pixel in this bitmap. The relation
between amplitude and color can be controlled by a contrast- and brightness control panel on the left side
of the main window. Additionally, you can turn on the "visual AGC" function to let the program adjust the
brightness value automatically, when the noise level (in the displayed frequency range) changes.

In it's original form (with the "water" falling down), the X-coordinate of a pixel is derived from the
frequency-axis, and the Y-coordinate is the time axis (depending on the "scrolling speed" which is
adjustable under the display settings).

The visible frequency range can be modified by pulling the frequency scale with the mouse (hold left
mouse button down with the mouse pointer over the frequency scale).

The displayable frequency range and -resolution depends on the FET settings (size, decimation, center
frequency) and the audio sample rate. For example, an FFT with 40 uHz resolution requires about 1 / 40
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uHz = 2500 seconds, or about 7 hours, to collect the equivalent number of samples.

If the waterfall runs in RDF mode (radio direction finder), the colour of the waterfall shows the angle of
arrival, while the brightness shows the signal strength. More on that in this separate document.

By default, the waterfall is automatically redrawn after modifying any setting that affects it (e.g. contrast,
brightness, displayed frequency range). If this causes issues with CPU load, this feature can be turned off
via display settings ("don't redraw waterfall after modifying settings").

4.2.1 2.1 Multi-strip spectrogram

For long-term observations of "narrow bands", the spectrogram screen can optionally be split into
multiple "strips", which will be vertically or horizontally stacked (depending on the orientation of the
frequency scale: if it runs vertically, small spectrogram strips will be stacked vertically, with the newest
strip on the top and the oldest on the bottom). The height of the strip is configured in the display settings.
The number of strips is only limited by the screen size. Notes:

* The multi-strip waterfall will not be redrawn completely if contrast or brightness are modified.

* For very special applications, a new strip can be started anytime (even if the previous line has not
reached the maximum with), using the command water.new_strip . This can be used, for
example, to synchronize the multi-strip display to full UTC hours (follow the link for an example).

* For other special applications, with the Conditional Actions / event: "new_strip", you can let SL
do 'whatever you like' whenever the display reaches the end of one strip and begins the next.

For example, when beginning a new strip in the waterfall display, you could execute a program
turn the antenna to another direction, switch a (remotely controllable) receiver to a new frequency
for the next "strip" of the waterfall, etc. The 'Multi-frequency Bat Monitor' uses that feature to
synchronize the VFO frequency of a remote receiver with the strips of the waterfall display.

Like in many other components of the program, you can activate a context-specific popup menu by right-
clicking into the display. Some options for the waterfall are:

* Frequency grid overlay

» Waterfall Time Grid : Allows time markers as a grid overlay (over the spectrogram), and/or text
labels in various formats - read more.

* Rotation of the display by 90 degrees (=vertical or horizontal frequency scale)
* etc..

If the main window shows a combination of the Spectrum Graph and the waterfall, both are separated by
the scrollable frequency scale (which applies to both).

Notes:

* Click into the waterfall with the leff mouse button to show the spectrum graph for that line of the
spectrogram for about two seconds. It will look like the spectrum graph is frozen for a short time,
but this is done deliberately. To freeze the waterfall display for an unlimited time, use the
Start/Stop menu (stop "Spectrum Analyzer #1", which is the one in the main window).

* Click into the waterfall with the left mouse button, and hold the button pressed while moving the
mouse to mark a rectangular area. When releasing the button, a special popup menu appears. In
that popup, you can select special functions like the spectrum replay function.

* Click into the waterfall with the right mouse button to open a popup menu, which gives quick
access to some important parameters without having to open the display control panel.

* The waterfall colour palette can be selected by clicking into it. You can also define your own
colour palette as described here.
* Every calculated FFT spectrum will be drawn in the waterfall as a colored graphic line which is
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one or two pixels high (or wide, depending on the orientation). So, if the "scroll rate" is set to 200
milliseconds, the waterfall will move down (or left) by 10 graphic pixels per second.. but:

If the CPU cannot keep up with the waterfall speed, the waterfall will scroll slower than you
defined in the display settings ! That's not a bug, it's a feature ;-)

The program can periodically save the contents of the waterfall. See periodic and scheduled actions.
Experienced users can control the waterfall display via interpreter commands (even from other
applications).

4.2.2 2.2 Visual AGC (for the spectrogram colour palette)

Normally, the colour palette of the spectrogram is only controlled through the contrast- and brightness
slider on the left side of the main window. But optionally, you can turn on the "visible AGC" on the

second tab of the Spectrum Display settings.

Technically, the term AGC = automatic gain control is a bit misleading. In fact, the "visual AGC" works
as follows:

When painting a new line into the waterfall, the program first measures the noise level within the
displayed frequency range, as explained here. Then, it subtracts this value (actual noise level in dB) from
the reference value, which can be set in the display settings window (typically -100 dB). Next, this
difference (deviation) is passed through a simple low pass filter, depending on the visual AGC speed
(slow/normal/fast). When painting the waterfall, the low-pass filtered deviation is added to all FFT bins,
before converting them into a colour values.

The "visual AGC" avoids that the spectrogram image will not get too dark or too bright if the input signal
level changes. This happens, for example, if the spectrogram shows a shortwave radio signal, and the path
loss changes dramatically, or (for some reason) the local noise level rises.

One of the downsides of the visual AGC is, you cannot tell the signal strength (voltage, power, or
whatever) from the colour in the spectrogram display. You may be fooled by the AGC, when a narrow-
band signal "disappears", which in fact is just overwhelmed by broadband noise. Without the AGC, you
would have seen that the noise went up. So be sure to turn on this AGC only if you really need to.

Note:
As a reminder that the visual AGC is enabled, the brightness slider is labelled "b" (lower case) when
the AGC is on. To turn it off, click on the "b" to change it back to "B" ("B"=AGC turned off,
brighness only controlled through the brightness slider).

4.2.3 2.3 Amplitude Bar (alongside the spectrogram display)

An optional amplitude bar can be displayed on the side of the waterfall. It can show the "peak" value of
the input signal in the time domain. Unlike the waterfall display, the amplitude bar is not limited to a
certain frequency range. It often looks like a seismogram (and in fact, has been used as such already):

- ., The background of the amplitude bar is blue. The amplitude from the first input
channel adds green colour, the amplitude from the second channel adds red colour (if
the analyser is configured for dual channel mode, of course). So if the bars from both
= *"channels overlap, the result is white.

o Other data can be plotted in the amplitude bar, too. For example, the red curve in the
= screenshot above shows the current noise level. Their pen colour, content, and
. scaling range are all defined in the "watch window" (where they can also be plotted
@8- = in a separate window). Do define which of the watch-window's data channnels shall
be plotted into the amplitude bar, open the display configuration screen.
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4.2.4 2.2 Reassigned Spectrogram

Under certain conditions, reassigned spectrograms provide more resolution along the frequcency- and the
time-axis than the classic spectrogram shown above. For comparison, a zoomed conventional
spectrogram (1st) and a time/frequency reassigned spectrogram (2nd) with the same FFT parameters :

More about reassigned spectrograms in a separate document; a few configurations with reassigned
spectrograms can be recalled from the Quick Settings menu.

back to top

4.2.5 2.3 3D Spectrum Display

The 3D spectrum adds another dimension (the time) to the display, but is often less easy to read than the
waterfall display.
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To switch the main display window to "3D Spectrum", open the spectrum display dialog (from the main
menu: "Options".."Display Settings"), then select "3D Spectrum" in the combo list labelled "Show".

It is important to select a "strong" colour palette, with as many colour transitions as possible, and to adjust
the displayed amplitude range carefully. Without a suitable colour palette, you will hardly see anything on
the 3D spectrum. The colour palette is controlled the same way as for the spectrogram.

Furthermore, it helps to turn on the option "Amplitude Grid" in the display settings for a better readability
of the amplitudes. But still, in the authors opinion, a 3D spectrum display is not particularly suited to read
the amplitudes accurately. But it can help to see the amplitudes (y axis) versus frequency (x axis) and time
(z axis, here: pointing from the foreground into the background).

Special options (which only apply to the 3D spectrum) are on an extra tab in the configuration window.
Besides that, the following options also affect the 3D spectrum display:

* the background colour: defined on the "Display Colours" panel, labelled "Spectrum Graph
Background"

* the colour used for drawing the scales around the graph: on the same panel, labelled "Spectrum
Graph Grid"

* the option "Mirror for Lower Side Band" (on the 2nd tab of the display settings), which reverses
the frequency scale

* the "Displayed Amplitude Range" (usually in dB), can be modified in the configuration window
too

back to top

4.2.6 2.4 Correlogram

The correlogram is a rarely used function. It is a special graphic representation of the 'similarity' of two
signals, or the 'randomness' in a signal.

More specific, it can be used as a cross-correlation plot (if the two inputs of the analyser are connected to
different signal sources), or an auto-correlation plot (if both inputs are connected to the same source. The
correlator itself doesn't care about that).

The graphic shows a plot of the correlations r(h) versus h (the time lags). In Spectrum Lab, the
correlogram uses the same fourier-transformed sample blocks as for the "normal" spectrogram. In fact,
the correlogram runs side-by-side with the main spectrum display (spectrum graph and/or spectrogram, as
explained in an earlier chapter).

For that reason, the range of time lags delivered by the correlator depends on the FFT size of the main
spectrum display.

Example: A soundcard delivering 11025 samples/second, feeding a 65536 point FFT, will fill a buffer
with 65536 points (in the time domain) in 5.94 seconds. The maximum displayable time lag range will be
+/- 2.97 seconds then, with lag zero in the middle. The following screenshot shows the spectra and
correlogram of a strong noise signal with weak sine wave added. A 0.5 second delay line (using SL's test
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circuit) was added between the signal generator and channel #1 of the analyser. Channel #2 was directly
fed with the test signal (no delay).

li:; 1 : [ 5] l;:i h'%' | Carrelation

Iy

10 Hz z0 20 10 Hz z0

To activate this correlation display, select 'View / Windows' .. 'Correlogram' from the main menu. A
correlation test (like the one described above) is contained in the SL configurations folder,
"CorrTestl.usr". If the spectrum analyser is only connected to one input channel, the correlogram (and the
correlation graph) will show the autocorrelation (correlation of the input signal with itself).

The displayed lag range can be modified by pulling the scale with the mouse (the same way as with the
frequency scale in the other display modes).

The output of the correlator is *not™ normalized to the average input amplitude. Instead, the following
scaling and sign convention was chosen (quite arbitrarily):

* A sine wave, with the maximum possible amplitude (just below the clipping point) fed into both
analyser inputs, will produce 100 % output at the time lag where both signals coincide.

» If the signal at channel #1 leads the signal at channel #2, the maximum correlation will be at some
positive lag (don't ask why..)

» If the signal at channel #2 leads the signal at channel #1 (aka Chl lags Ch2), the maximum
correlation will be at some negative lag

Due to the FFT windowing, the coefficients at the edges of the window (extreme lags) may be attenuated.
This may be compensated in a future version of SL, if required for some application (it can be avoided by
using a rectangular FET window ). In January 2009, the correlator / correlogram was so rarely used that
putting more effort in it didn't seem justified.

4.2.7 2.5 Displaying Icom's broadband spectrum instead of SL's FFT output

As of 2018, most of Icom's 'direct sampling' allmode transceivers (and a few receivers) with built-in
waterfall display support reading the Spectrum via USB or LAN, through an extended set of CI-V
commands.

Spectrum Lab can be configured to read Icom's spectrum data through its "Tranceiver Interface' / 'Radio
Control Port'.

It can even bring the spectrum (along with the audio) 'online', into modern web browsers, using
techniques (and Javascript) borrowed from OpenWebRX.
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Broadband spectrum (1 MHz wide) read from an IC-7300 via CI-V
Other suitable radios are IC-9700, IC-7610, IC-7851, and receivers like IC-R8600.

To use this feature, first check if you can establish a "remote" connection to the radio (via USB / virtual
COM port) as explained under Transceiver Interface / CAT control / CI-V.

Next (as for most other 'special' display options in Spectrum Lab), from the main menu, select
Options ..  Spectrum display settings, part 2.

In the group box Special display options, check
show REMOTE spectrum (via CI-V) .

When using the 'remote spectrum' display, you should also ...

* check option 'Include VFO offset on frequency' on SL's "Freq"-panel,

* check option 'Synchronize VFO frequency with remotely controlled rig' (same panel),
* in your Icom radio, set 'CI-V Transceive' to 'ON',
so the radio reports its VFO frequency when turning the dial.
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See also: CAT traffic monitor (helps troubleshooting CAT / CI-V communication),
Transceiver Interface Settings, CAT control (here: CI-V)

(reading Icom's "waveform data" requires 115200 bits/second on the 'Radio Control Port").
About the IC-7300's disappointing "digital IF output" (which is not an I/Q output)

4.3 3. Frequency Scale

The visible frequency scale is located between spectrum graph and waterfall (if both are visible). It is
usually horizontal ("X-axis") and in most cases (*) shows only a part of the processed audio spectrum
(which is defined by the FFT settings). You can add or subtract a user-defined offset if you want. You can
also split the scale to zoom into two independent ranges. The frequency scale may look like this:

1 L}
? 1100 H= 11200 1z000 12200 12400 1260
s st o

The colored rhombic symbols on the frequency scale are markers (they may be simple indicators but also
versatile control elements). The markers can be controlled via interpreter commands in the frequency
marker table, which you can activate by double-clicking on a marker. You can move a marker by holding
the left mouse button pressed. For example, a frequency marker can be connected to a signal generator's
frequency, to the local oscillator of the audio frequency converter, to the AFC center frequency of the
digimode decoder, etc.

Optionally, the main frequency scale can also show the three most important parameters (frequency shift
as 'zero beat' marker, lower, and upper edge frequency) of the FFT-based audio filter. Example:

T aucllu _lo = 625.00 Hz

"zero beat"” filter edge freq.

(screenshot of main frequency scale with filter passband display / controls)

To show certain 'frequencies of interest' without using one of the programmable markers, a 'Radio Station'
Frequency List can be loaded into Spectrum Lab. Frequencies of radio stations appear as thin coloured
lines in the main frequency scale and in the spectrum graph.

A |
T[T, 1
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LZ000 Hz

(VLF spectrum/spectrogram w1th 'Radlo Statlon display)

(*) 'In most cases', the frequency scale can only show the range covered by the input signal.
So far, the only exception is the 'broadband spectrum' that certain Icom radios
(like the IC-7300, IC-7610, and similar direct-sampling DSP rigs) can deliver
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with a new CI-V command (0x27). Spectrum Lab can parse it since V 2.94 .

4.3.1 Popup menu of the main frequency scale

Clicking into the frequency scale (on a particular 'frequency of interest', not on one of the frequency
markers) with the right mouse button, opens the frequency scale's popup menu:

Zoarm in on 65,9419 Hz

Zioarm auk

Center on 65,9419 Hz with 1 pixel | bin
Split Frequency scale

Set digimode Frequency ko 65,9419 Hz
Set Marker 1 (VFO) o 65,9419 Hz

Sk Marker 2 {decoder) to 65,9419 Hz
Set Marker 3 (6Ipha &) to 65,2419 He

The menu contains some frequently used functions. Most of the entries should speak for themselves,
some are explained in the next chapters.

4.3.2 Adjusting the visible part of the frequency scale

The displayed frequency range can be modified by pulling the visible frequency scale with the mouse
(left button pressed). Or right-click into the interesting part of the frequency scale and select "Zoom In" or
"Zoom Out" in the popup menu.

Alternatively you can enter the "edge frequencies" (Min + Max) in the frequency control panel on the left
side of the main window:

Freq |Time | ROF |

vfol 3 035l 000 | Hz
fc [7.0310 MMz ﬂ
=p [158.73 kHz
[FE =

(frequency scale control panel)

More information about the frequency control panel is here.
Splitting the frequency scale into two ranges

Can be activated from the display settings dialog or from a popup menu which opens when you click the
frequency scale with the right mouse button. Use it, for example, if you want to have an "audio band
overwiew" on the left side of the screen and a zoomed display of a certain frequency range on the right
side. The separator between both scale sections can be moved with the mouse (not necessarily in the
center of the screen !).

Note:
If the option "split frequency scale" is set, but only one input channel active for the spectrum
analyser, both sections show different frequency ranges of the same signal. If two input channels
are active for the spectrum analyser (showing different signals on one screen), the frequency scale
will be split into two sections automatically.

To modify the frequency range of a frequency scale section, first click into the section on the visible
frequency scale. The frequency scale control panel will then show "Freql" or "Freq2" instead of "Freq",
and the edit fields will apply to one section only.

4.3.3 Adding or subtracting a user-defineable frequency offset (for the display)

On the frequency control panel, you can enter a frequency offset which will be added to the displayed
frequency. This does not affect the internal processing, it is just for the "optics".
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If you want to SUBTRACT the displayed frequency from a certain value (for example because you have
an LSB receiver tuned to 138kHz), enter the value "-138k" in this field. After three seconds, the entered
value will become effective (the entered value will be normalized), and the frequency scale will be
updated with the new settings. (Note: for LSB receivers, you should additionally activate the "LSB
mirror" in the settings menu).

back to top

4.4 Multiple channels for the spectrum display

No matter if SL is configured for one or two inputs from the soundcard, the main frequency analyser can
be switched to "dual-channel" mode. Both channels can be tapped at different points in the test circuit, for
example channel #1 can be connected to the left audio input, and channel #2 to the right audio input. Or,
channel #1 may be connected to the "input signal" (before the DSP chain) and #2 to the "output signal"
(which goes to the D/A converter).

The channel selection can be modified in the circuit/component window, which can be opened from the
"View/Windows" menu.

If two input channels are active for the spectrum analyser (showing two different signals on one screen),
the frequency scale will be split into two sections automatically.

back to top

4.5 Spectrum Averaging (Overview)

For some special "weak signal" applications, Spectrum Lab offers different ways and stages of averaging.
Averaging can be superior to simply increasing the FFT size, if the observed signal is "broad" (incoherent;
phase-, frequency- or amplitude modulated, etc).

There are various stages of (spectrum-) averaging, which will be explained in some depth later:

* "Internal average" at the FFT-calculating stage: This is a simple averaging of powers (or energies),
directly after the FFT calculation, using a leaky integrator.
This kind of averaging is always possible, even if the waterfall scrolls faster than the time required
to collect new data (in the time domain) for a single FFT. It is configured on the "FFT" panel in
the "internal average" field. This kind of averaging can help to see weak signals in the waterfall
display, at the expense of "smearing" along the time axis.

* "Waterfall line average": If the waterfall scroll interval is longer than the time to aquire data for a
"new" FFT, a larger number of FFTs will be calculated and added, before a new line is added to
the waterfall display (and shown in the spectrum graph). This kind of averaging is active when the
scroll interval (t_scroll) matches the following criterion, and the option "optimum waterfall
average" is selected in the Display Settings:

t scroll > (FFT _size / sampling rate) .
The number of FFTs added this way (into a single "spectrum", which will then be displayed in the
graph and/or waterfall) depends on the waterfall scrolling speed, the audio sampling rate, and the
FFT size. The interpreter function water.avrg max returns the number of FFTs added in each
line of the waterfall (you can use this function to calculate the "gain" from this incoherent
averaging, as explained somewhere below).
Unlike the first average option ("internal average"), this kind of averaging does not cause a
"smeared" display, for the expense of a slowly scrolling waterfall.

» "Triggered average": This special kind of averaging only works when the waterfall screen runs in
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"triggered, non-scrolling" mode. It can only be used for periodic signals, for example in the "low
power moon radar" experiment, where a large number of VHF pulses were sent to the moon, and
the reflections collected over a long time before they became visible on the spectrogram (which
was synchronized with the transmit/receive interval).

To configure this kind of averaging, open the 3rd(?) tab of the Spectrum Display options (with the
panel "Options for Triggered Spectrogram"). Set the checkmark for "triggered spectrum", and set
the trigger control to "one SWEEP of the spectrogram" (=one waterfall screen).

Details about this special kind of averaging can be found in the "Alpha" VLF beacon example .
To test the triggered average spectrogram without an off-air signal, load the configuration
"TrigSpectTest1.usr', which is contained in the installer (subdirectory 'configurations'). Let it run
for a few minutes until details in the spectrogram crawl out of the noise (generated by SL's test
signal generator).

To clear the 'triggered' spectrogram average buffers, use command spa.clear_triggered avrg, or
use the 'Reset' button for the triggered average spectrogram on the already mentioned panel
"Options for Triggered Spectrogram".

* "Long term average (spectrum)" : This option was added for the Earth-Venus-Earth experiment at
the IUZ Bochum in 2007. The long-term average is basically a second stage of averaging (after the
"FFT internal average" and the "Waterfall line average". Later (in 2011), an optional exponential
decay was added for the long-term average. The long-term average can be enabled on the first part
of the Spectrum Display Settings. The long-term average spectrum display works as follows:

All spectra (FFTs) which are displayed on the waterfall are added to the so-called long-term
average (with some optional preprocessing, as described in the document about the Earth-Venus-
Earth experiment).

The long-term average spectrum is displayed only as an additional curve in the Spectrum Graph
window (not in the waterfall !). This is typically a red curve, but the colour may be modified
through menu 'Options'..'Spectrum Display Settings' (part 3). When active, the long-term average
is painted with the fifth pen ("Pen 5", which is RED by default), as defined on the 'Display
Colours' panel.

The total number of FFTs added in the long-term spectrum average can be calculated with this
formula (to show it on one of the programmable buttons, as used in the Earth-Venus-Earth
configuration):
spa.lta_cnt*water.avrg_max + water.avrg_cnt ,
where :
spa.lta_cnt = total number of waterfall lines(!) added in the long-term average spectrum,
water.avrg_max = number of FF'Ts added in each line of the waterfall ("waterfall line average"),
water.avrg_cnt = number of FFT added in the current (still invisible) waterfall line .
The long-term average can be cleared through the popup menu of the spectrum graph: Right-click
into the graph, then (in the popup menu) select "Spectrum Graph Options" ... "Clear long-term
average". In the same popup menu, the curves for the long-term average and the "momentary"
spectrum can be turned on and off.
Alternatively, the long-term average can be cleared with the command "spa.clear_avrg". In the
EVE-configurations, one of the programmable buttons is used for this purpose.
Since 2008-03, the long-term-average spectrum can also be exported as a textfile, controlled by
the interpreter .
Since 2011-11, an optional 'exponential decay' can be configured for the long-term average. The
decay rate is specified as the half-life interval (auf Deutsch: Halbwertszeit), measured in minutes,
on the first panel of the Spectrum Display settings, close to the checkmark which enables the long-
term average spectrum in the main spectrum display. Note that the 'counter' of spectra added into
the long-term average buffer is also affected by the exponential decay, thus even the 'counter’
value (spa.lta_cnt) may be a fractional (non-integer) value, which is unusual for a "counter" - but
that's the way it is. If the half-life interval is nonzero, the 'counter' will asymptotically approach an
upper boundary value, which depends on the waterfall scroll rate (i.e. the interval at which new
FFTs are calculated), and the half-life time.
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* "FFT Smoothing" : Doesn't calculate an average from consecutive FFTs, but on neighbouring
frequency bins within a single FFT. Together with the other averaging options mentioned above,
this may help to reduce the 'visible' noise in the spectrum display if you are looking for very weak
signals. Details about FFT(-bin)-smoothing are here .

4.5.1 The "Second Spectrogram"

This is a simple "second" spectrum analyser, not as versatile as the display in the main window. You can
use it to display another portion of the spectrum, or analyze another audio source if you have a stereo
soundcard (or 2-channel ADC).

To open a window the second spectrogram, enter the "View/Windows" menu of the main window, then
select "Second Spectrogram". To activate the spectrum analyser for the second window, and select the
source, use the "Mode" menu of the second spectrogram window.

Notes:

* You can also activate the second spectrogram from SpecLab's circuit/component window, where
you can also see where the input for this analyser comes from. Click on the small "source" label to
open a list of all available sources.

* Some interpreter functions like "peak a" and "peak f" can operate on the spectrum from the
second spectrum analyser also.

back to top

Last modified : 2020-10-23

Bendtigen Sie eine deutsche Ubersetzung ? Vielleicht hilft dieser Ubersetzer - auch wenn das Resultat
z.T. recht "drollig" ausfallt !
Avez-vous besoin d'une traduction en frangais ? Peut-étre que ce traducteur vous aidera !

* Displays:
¢ Spectrum Graph

* Spectrogram

¢ Frequency Scale

¢ Frequency List

* ORSS
¢ Plotter
o W
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* Contents
* Controls
* Displays
* Settings

e Filters
e W

5 Spectrum Lab Configuration Dialog

From SL's main menu, select 'Options' to open the configuration dialog. There are multiple tabs for the
topics described in this document:

1. System Settings
1. Memory and spectrum file buffers

Timezone

Geographic Location

Timer Calibration

Source for timestamps

Filenames and Directories

AN

7. Transceiver- and PTT control interfaces, CAT control (CI-V)

2. Audio Settings and 'special' input devices

1. Adding a special driver for other audio input devices
The Audio I/O DLLs

Using in_AudiolO.dll to stream audio into Winamp

Using in_AudiolO.dll to stream audio from one SL instance to another

Using a Winrad-compatible ExtIO-DLL for input

FiFi SDR

RTL-SDR (for example, "DAB sticks" and similar devices)
SDRplay (RSP1/1A/2/duo...., useable via ExtIO DLL)

Audio File Servers and Clients

A S e

10.Audio via COM port (and other 'exotic' ways to feed audio in real time)

11.Sending and receiving audio through WM _COPYDATA messages
12.Audio output resampling
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13.Multiple soundcards in one system

14.Unexpected aliasing and soundcard trouble under Windows 7/8/10

(98]

. FFT Settings : Size, Window function, ...

4. Spectrum Display Settings
1. Spectrum Display Options, Part 1 (first tabsheet)

2. Spectrum Display Options, Part 2 (second tabsheet)

3. Spectrum Display Options, Part 3 (third tabsheet)

5. Spectrum Buffer Settings

6. Display Colours and Font Settings
7

8

. Frequency Marker Settings

. Colour Direction Finder (a waterfall-based radio direction finder)

9. Audio File Settings (formerly 'Wave File Settings')

10.Amplitude Calibration
11.Settings and Configuration files
The 'Configuration and Display Control' panel is a tabbed window, which can be opened from SL's main

window through the main window. For example, Options ... FFT Settings in the main menu will take you
directly to the 'FFT' tab visible in the screenshow below.

% SpecLab Configuration and Display Control

TRX Contral ] hemary ] Filenames ] Wave Files ] Markers ] System ] Freq-Resp ]

spectrum (1) | . | .® | .49 | RedioDF | FFT ] Audiali0 | ADIDA Server |

FFT properties, frequency resolution FFT Input (same for all channels)

The config window can optionally stay on top of other windows, even if it doesn't have the focus. To
achieve this, click on the icon in the upper left corner to open a small popup menu, and check the item
'Stay on top'.

See also: Spectrum Lab's main index, 'A to 7', user-defined menus , test circuit , installation hints ,
troubleshooting , some applications .

5.1 1. System Settings

Most of the 'system settings' are not saved in the normal user configuration file - instead, they are
considered to be 'machine' but not 'application' dependent.

To modify them, select 'Options' ... 'System Settings' in Spectrum Lab's main menu. Most items listed
below can be reached through submenus, or by picking one of the tabsheets on the configuration screen.

5.1.1 1.1 Memory and spectrum file buffers

On the tabsheet shown below, you can define the number of spectrogram lines buffered in RAM (for
scrolling back the spectrogram display), and the option to use a FILE instead of RAM for buffering the
spectrogram data (i.e. Fourier-transformed blocks or 'spectra').
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Spectrum Butfer

ax. allowed size |64 MiByte -= 127 Linez a 313 kByte Clear buffer | 9
&

[~ uze FILE kutter: |Spel:‘frumEluffer.bin Save every |0 mins
[ periodically update buffer preview Max. FET bins in file (2048

Mae. kutfer file size (120 B

More details here.

5.1.2 1.2 Timezone

Difference between local time MINUS UTC(GMT).
A few examples:

» enter "2" if you are in Germany, BeNeLux, France, and windoze has adjusted your PC's clock for
daylight saving time (MESZ)

* enter "1" if you are in Germany, ... , and windoze has adjusted your PC's clock for winter time
(MEZ)

» enter "0" if you are in Great Britain, Portugal, etc; it's winter time or if you have convinced
windoze not to fool around with your PC's clock in October
* enter "-5" if you are on the east coast of Canada or the USA (EST).

Loc, Timezone, Time source l

Timezaone Primary "Time"-Source

Time sdded to LTC for display: - hours Currert value (UTC): 13:09: 06. 2

v et titne zone information from system
v o ¥ (" Uze audio-sampling clock (requires calib,

-= Resulting time "for the display" : best accuracy, almast no jitter, preferred)
" Uze high-resalution timer (jitery sometimes)

1 5 : 09 : 06- 2 (* Uzethe PC's "system" time (warst jiter)

Alternatively, Spectrum Lab can ask the operating system for your timezone. If the 'timezone' information
on your PC, including daylight saving time, is configured correctly, set the checkmark labelled

[ ] get time zone information from system .
With this setting, you don't need to care about the offset between UTC and your 'local' time (with or
without daylight saving).

5.1.3 1.3 Geographic Location

Enter your own location here, using the Maidenhead locator system, or by latitude / longitude lin degrees,
minutes, and seconds .

This information will used in some exported files (for example, in wave files) if no GPS receiver is
available. Used for radio direction finding.

5.1.4 1.4 Timer Calibration

In this edit field, the precise frequency of a CPU-internal timer can be defined. This timer is used as a
"high-resolution" timebase. Its frequeny is often 3.58 MHz, in some PCs only 1.79 MHz. The nominal
value is queried automatically, but for some special applications you can enter the precise frequency here.

5.1.5 1.5 Source (clock) for timestamps

This field defines the source for timestamps (in spectra, waterfall time grid, and the "time"-function
which is used in export data definitions). These options (and maybe more..) are avaliable:
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* Use audio sampling clock only: Gives the best resolution and almost no 'jitter' because the time is
calculated from the count of audio samples, plus an "offset" to get date+time. If you use a
'calibrated' sampling rate, or even an external A/D converter, this option is the best choice.

* Slowly pull towards PC's real-time clock: Provides a better long-term accuracy in some cases,
especially if the audio sampling rate is drifting or not calibrated. With this option, the timestamps
are always very close to the PC's real-time clock (usually one second or less).

5.1.6 1.6 Filenames and Directories

Defines where certain files shall be saved. Beginning with Vista and Windows 7, you don't have the
freedom to chose arbitrary directories (folders) because the Spectrum Lab installation directory, which is
located somewhere in the 'Programs' folder, will only have read permission, including all its
subdirectories. See the external document called 'Data Folders' for details about how the Spectrum Lab
installer will deal with this problem.

To modify the currently active directories (within the data folders), select Options .. System Settings ..
Filenames and Directories in SL's main menu. This opens the configuration window and switches to the
tabsheet shown below.

Filenames l

[v use relative path if possible, base: cchprofSpecLakb

Machine Config : |HCEINFIG. INT

User Config : |SET‘I‘INGS .INT

Spectrum Ref: |spectrum. ref

Capture Image : |screenshn tshcapt

Command file: |c0mmand_files\test.cmd. Kt

Avclio Recorder: |Rec:m:de diudio_ntinm. AV [ template

Radio Station List: |f1:eq'uencies\Eu_N‘DB_list. txt, frequencies’defaulr. t:-ctj

Input stream log |logfiles\ stream lod_in.odqog [ active
Output stream log |logfiles\ stream lodg_out.ogq [ active
olp Stream Cnnfig|config‘urations\ output_atream config. txt [ active

(screenshot of the 'Filenames' tab)

Control elements on the 'Filenames' tab are:

* [ ] use relative path if possible, base: c:\Programme\Spectrum (just an example, depends on the
windows version).
This option should always be checked. The base path cannot be modified here, in fact, it is the
path for all 'data files' specified in data_file paths.txt (a file which has been written by the
installer). It cannot be modified by Spectrum Lab under certain windows variants because it's in
the same folder as the executable, aka the "install directory", and all these folders only have read-
but not write-permission under Vista & Co. If necessary, you can modifiy data file paths.txt with
a text editor, but you will need an admin account (at least under Vista and Windows 7). More
details about data folders with write permission are here .

* Machine Config: MCONFIG.INI
This is the default location for all machine-dependent settings for Spectum Lab, for example the
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soundcard sampling rate calibration table.

» User Config: SETTINGS.INI
This is the place where all settings of the current session are saved. For details, see Settings and
Configuration Files.

* Spectrum Ref (Spectrum reference):
A reference curve which can be displayed in the spectrum graph window. Details are here.

* Capture Image: Filename (base, without the index, and without extension) for the screen capture
aka screenshot. Destination folder may vary, but "thanks" to Vista & Co, must be within the data
folder (with write permission).

* Command File: File loaded into the command interpreter window during program start.

* Audio recorder: Path and file mask (with nnnn for the serial) for the internal audio recorder.
The meaning of the ‘template’ option is explained here (in the document about the triggered audio
recorder). Basically, it the 'template' checkmark is set, certain characters in the filename will be
replaced by date and/or time later (when recording starts), like:
YYYY = year (4 digits), MM = month (2 digits), DD = day (2 digits), hh = hour (2 digits), mm =
minute (2 digits), ss = seconds (2 digits).
Three or more lower case 'n's will always be replaced with the file sequence number (regardless of
the 'template’ option).

» Radio Station List: Path and filename for the radio station list which can be displayed in the
spectrum window.
By default, the installer places only a few sample files in the 'frequencies' folder within the data
file directory. They can be modified with a text editor.

back to top

5.1.7 1.7 Transceiver- and PTT control interfaces, CAT control (CI-V)

This item in the Setup dialog is used to define the COM port number where a "RX/TX" (=PTT) line and
other control signals can be connected.

Since Version 2.94, Spectrum Lab can also use the '"Transceiver Interface' to read 'Scope waveform data'
from certain Icom radios as explained below.

The 'serial port' may even be a virtual COM port, aka 'Null-modem emulator'.

Some radios (like recent Icom rigs) can use the same USB port for audio (in/out), CAT control (computer
aided transceiver or tuning) / "CI-V" (Icom's proprietary CAT protocol), etc.

If not used as normal serial interface lines, some of the serial port pins can be used as discrete switching
signals:
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SpecLab Configuration and Display Control — O

y | @ | @ | .@ | RadioDF | FFT | Audiovo | ADDAServer |
: l Memory l Filenames ] Audio Files, ]I iy 1| e ll Freq Resp l
TRX Interface Radio Control Port (C-V etc)
Port for PTT control etc: |NONE - Serial port nr |CDI.1E- - |

PTT Control  CW Keying  Alert"Bell
e, Bits/second | 115200

—nNong— —nNong— —nNong—

THD THD Data bits E
RTS RTS

DTR DTR Parity | nong

Stopbits |1

Test | Test | Test |

Flow control |nc|ne

et

Protocol |icom crv

Address: Radio=|0x594 Master=|0xEQ

GPS Receiver
- uses Soundcard || Open GPS Control Panel

@]

1:DCD Z2:TxD 3:BxD 4:DTR 5:CROUND
&:DSR 7:RTS B:CTS 3:RI

PTT pilot tone (0=no pilot) |0 Hz

Shown: Settings for Analyser 1, channel 1 [L}|

& Apply | B ciose ‘ ‘? Heb ‘

The rest of this chapter has been moved into a separate document (RigControl.htm):

1. Transceiver- and PTT control interfaces, CAT control (CI-V)

1. Serial port for PTT control and keving
2. Remote rig control (CAT, CI-V)

3. Serial port pins
4. Serial port duplicator using comQOcom (virtual Null-modem cable)

See also (related with transceiver control) :
CAT traffic monitor with examples of 'typical' CI-V messages,
Displaying Icom's broadband spectrum scope in Spectrum Lab's main window,
Remote Control Functions / Commands (in the interpreter),

Synchronizing Specl.ab with a radio's VFO via CAT (works both ways, from SL to the radio,
and from radio's "VFO knob" to SL)

back to top

5.2 2. Audio Settings and 'special' input devices

To open the audio settings dialog, select "Options"..."Audio Settings" from Spectrum Lab's main menu.
Some of the parameters are explained here:

Audio Input Device, Audio Output Device:
Select which audio device (e.g. "soundcard") shall be used for input or output. These combo boxes
contain all available soundcards, ASIO drivers, and more exotic devices which may be used as input
or output for the digitized samples. In most cases, you will use these controls if your system really
has more than one soundcard.
The audio device selection boxes may appear disabled if the audio stream comes from (or goes to)
an external audio server. The audio server may be a simple interface program which reads analog
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samples from an external A/D converter, or one of the Audio I/O DLLs (explained in a later
chapter).

ImpLt Device § Pipe f Drivep Input Device J Pipe  Driver
(SDR-IG / SDR-14 SDR-IG f SDR-14 J

-1 Default WANE input
0 Soundia HD Audio

other sources == 1 MSYAD (Simple) =P
: 2 Bluetooth-Audio
timeout [ms] 500 3 Hochwvertiges Bluetooth-2,
A ASIO Sample

Output Device J Pipe ! Driver 2 LSI0Mudiol0-Cateway

|EI Soundhld X HD Audio j J SOR-G § SDR-14 J
Perzeus -
params: [stream=4/LF3 opt=8 CProgrammeiAinampiPlugin

O Ctl| other destinations == [ /eRRrOMEAIOEIO_SDR14
Chchprof ExtiOE D _Perze

(Screenshot of SL's audio settings tab, with different input devices)

Entries beginning with a number are standard multimedia drivers (not ASIO). If you miss your
soundcard in this part of the list (on a Win7 / Win8 machine), the reason may be another bad habit
of the operating system (automatic "jack detection" - details on that here), which prevents detection
of audio devices just because no audio connector is currently plugged in. Also, since each version of
Windows seems to be more paranoid than its predecessor, don't expect anything to work right out of
the box (see notes on Windows 10 camera, microphone, and privacy).

Entries beginning with an A: (but not a device number) are ASIO drivers. If an ASIO driver is
selected as the INPUT device, the selection for the OUTPUT device is disabled, because in this case
the same ASIO driver will be used for in- and output. ASIO provides a lower latency between in-
and output, but is not available on all systems. Clicking the 'Ctrl' button will open the ASIO driver's
channel selector.

Input devices like "SDR-1Q / SDR-14" (-2) or PERSEUS (-3) require an extra hardware on the
USB port, or a TCP/IP connection to a server running a USB/TCP-IP gateway. More info on using
SpecLab with SDR-IQ is available in an extra document. If you want to use SL with PERSEUS,
read this document .

In addition to the input devices listed above (standard soundcards, ASIO, and the two natively
supported Software Defined Radios), you can add support for other 'special devices', if you have a
suitable "driver" (interface DLL) for it. Details about selecting / "installing" such an interface are in
another chapter. After installation, such drivers are either listed by their filename, or (depending on
the type) by a short name after a prefix D: ("Driver").

Last not least, to connect external A/D conversion hardware (most likely driven by a simple
microcontroller) via serial port ("COM port" or "Virtual COM Port", a USB device class), Spectrum
Lab also lists the (short) names of all COM ports currently availabe in the list of audio devices(!).
For details, see 'Audio via COM port'.

For some of these devices, additional settings may be necessary. Use the 'Ctrl' button after selecting
the type of the device. Depending on the device type, the 'Ctrl' button may open the standard
soundcard volume control panel (for the selected WAVE audio device, but not under Windows 7), or
a special SDR control panel (for SDR-IQ and Perseus), or a special control panel to select & or
configure an audio I/O DLL, or open the control panel of a Winrad-compatible ExtIO-DLL.

To exchange uncompressed audio streams with other applications (for example, Winamp™ ), you
can select also select the Audio-I/O-library (a special DLL) instead of the soundcard.

For absolute measurements, the input amplitudes must be calibrated. Amplitude display units like
Volts or dBuV only make sense if the relationship between A/D converter value and absolute input
voltage is known. Otherwise, stick to the default amplitude display unit which is "dBfs" (dB relative
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to full scale) .

Other sources, other destinations :
These links take you to another tab of the configuration dialog, where alternative sources and
destinations for digitized audio (or quadrature IF streams) can be configured. This includes audio
servers and -clients, which can be connected through different ways (TCP/IP, WM COPYDATA
messages, periodically written audio files, etc). The WM_COPYDATA method was, for example,
used to receive data from the "winamp-to-SpecLab" plugin, which is described here.
If the "local" soundcard is used for in- and possibly output, you don't need to care about these other
sources and destinations.

Sampling Rate:
The nominal audio sample rate of the soundcard, which is the number of samples per second read

from the analog/digital converter.

Both sound-input and -output use the same sampling rate (dictated by hardware). You should use
the lowest possible sample rate allowed by Shannon's theorem: With 8000 samples per second, you
can process signals up to 4000 Hz. Don't use higher sample rates just because your soundcard
supports them ! Only for very special applications (like the "VLF radio"), sample rates up to 192
kHz may be necessary. SpecLab works with sampling rates up to 192kHz, but only a few cards
really support such high sampling rates. Caution, the windows multimedia driver will happily
deliver any sampling rate - even if the hardware doesn't support it (it will be interpolated then,
which is not really helpful).

Some cards can play dirty tricks when you use 48000 samples per second (because they don't
support 48000 sampling), which leads to "phantom signals" on the waterfall. See the notes in the
"VLF Radio" application.

Some other cards play dirty tricks when running in full duplex (which means input + output running
at the same time): For example, the input- and the output sampling rate may be slightly different.
More details in the chapter about output resampling. (use a different output sample rate; any ratio
between 0.5 and 2.0 is possible).

Other stupid soundcards don't support 44100 Hz (which is surprising because that's the Audio CD
standard).

If you are running Windows 7 (and most likely any later windows version), and want to use the
soundcard at 48 kSamples/second and more, don't miss this note (defeat anti-aliasing through the
windows system control), and this important note about selecting the soundcard's sampling rate in
the umpteenth little-known and hard-to-find configuration screen of Windows 7 !

Also don't miss the sampling rate calibration if you use the program for the first time, or have
installed a new soundcard.

If a soundcard really supports a certain sampling rate (like 48000 Hz / x or 44100 Hz /x) is not
always easy to tell, because if the sampling rate 'requested’ by the application is not really supported
by the hardware, the driver software (or the windows multimedia system) jumps in, and tries to
interpolate / extrapolate to realize the sampling rate by software. Unfortunately, Windows does a
really bad job on some machines. For example, on one of the author's PCs (a Lenovo Z61m), when
trying to run the onboard audio device at 12000 samples/second, the signal sounded 'distorted', and
the CPU load caused by the 'SYSTEM' process (indicated in the Windows Task manager) went up
to 5 Percent, as long as the audio input was running. Switching back to 11025 samples/second cured
this problem, the audio sounded 'clean' again, and the CPU load caused by the 'SYSTEM' process
went back to zero.

Again, it's not easy to tell which sampling rates are really supported, so if you find strange effects /
poor audio quality / dropouts / unexplainably high CPU load, try a different sampling rate - first try
a fraction or multiple of 48000 Hz (like 12000, 16000, 32000, 480000, 96000). If that doesn't work
well enough, try a fraction or multiple of 44100 Hz (like 11024, 22050, or 44100), especially on
'old' machines because sampling rates of 44100/N were the standard in the age of Soundblaster and
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Co.
Last not least, it's possible to compensate the sample rate drift continuously, for example for phase
measurements or high-accurary frequency measurements.

Sampling Rate Divisor:
Defines the decimation ratio between the analog/digital conversion rate and the processing rate of

all following stages (which you can see in the component window, for example frequency converter,
digital filter, but also the Spectrum Analyzer).

Reducing the sample rate at this early stage is especially helpful if you run out of CPU power,
because -depending on what you are doing- the real-time sound processing threadwhats a_thread
can 'eat up' a lot of the available CPU time. The internal processing rate is:

<Sampling Rate> divided by <Sample Rate Divisor>, for example:

11025 samples per second, divisor set to "2" will give an internal processing rate of 5512.5 samples
per second. This would be enough to process audio signals below 2kHz (theoretically 2756 Hz, but
this 1s impossible because of the anti-alias-filter's roll-off).

Note: After this decimation stage, and before the FFT calculation, there may be more decimation

stages. See 'FFT Settings'.

Bits per sample
Defines the resolution of the A/D converter. Usually 16 bits per sample. A few cards also support 24

bits per sample, resulting in more dynamic range (only required in rare cases though). Has only
been tested -with positive result- with the Soundblaster Audigy 2 ZS, but the difference between 16
and 24 bit per sample can only bee seen if the input signal is *very* weak. With most 'real-world
signals' you won't see a difference in the spectrum, unless you have the ultimately pure sine wave
generator on your workbench. The theoretic dynamic range with 24 bits is somewhere near
20*log(2"24) = 144 dB, more realistic are 108 dB as specified for the Audigy 2 card.
For most applications, stick to a resolution of 16 bits per sample.

Use anti-alias filter
has no effect at the moment, because the anti-alias filter is always enabled if the Input Sample Rate
Divisor is set to 2 or higher.
The anti-alias filter's length may be adjustable in future releases.

1/Q input adjustment
Switches to a submenu of the circuit window, where the gain balance and phase errors from an
image-cancelling direct conversion receiver can be compensated. More details can be found in a
separate document (if you don't know what a direct conversion receiver is, you don't need it
anyway.. )

Sample Rate Calibration Table
Because the true sample rates used by some soundcards (also expensive ones!) differs significantly
from the 'nominal' value, you can enter the true values for a number of standard nominal' rates in
this table. The "one-time" sampling rate calibration procedure is explained in another file. For
normal audio applications, you don't need this.
In rare cases (depending on the soundcard), the conversion rate of the ADC and the DAC can be
different. Since Version 2.7, Spectrum Lab contains a resampling function which can cope with this
problem, but it requires some additional CPU power (see the notes about soundcards with slightly
different sampling rates in the next chapter).
If you are looking for extreme frequency accuracy, it is possible to continuously 'detect' or 'calibrate
the sample rate but you need a stable reference signal).
Some soundcard oscillator drift tests can be found here .

'

Note: Besides these settings, be prepared to spend a few hours playing with your soundcard's own
"volume control panel" (or whatever the manufacturer called it), until you managed that the audio input
(from the "line-in" jack) only(!!) goes into the A/D converter, and the card's audio output (the "line-out"
jack) is only fed from the D/A converter, without annoying bypass. Read more about this in the document
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about SL's installation.

back to top

5.2.1 2.1 Adding a special driver for other audio input devices

In addition to soundcards, Software Defined Radios like SDR-1Q, Perseus, FiFi-SDR, and COM ports,
certain interface DLLs (Dynamic Link Libraries) can be added to the list of input devices (see previous

chapter). Click the "..."-button next to the input device combo (with soundcards, ASIO devices, certain
SDREs, etc).

% SpecLab Configuration and Display Control

TRX Contral ] hemary ] Filenames ] Wave Files |
spectrum (1) | . | L@ | .4 | RadioDF

= Cirl other sources ==

timeout [ms] (200

The principle to "install" such a "driver" (actually, just select the driver's interface DLL for input) is
described here. The same method is used for Audio-I/O-DLLs and for Winrad-compatible ExtIO-DLLs.
Note: No other kind of DLL (besides ExtIO and Audio-I/O-compatible DLLs) can be "installed" this way.

After installation, such drivers are either listed with their complete path and filename (typically beginning
with drive name C:/) , or -depending on the type- with a short name after a prefix . ("Driver DLL").
Note that file paths never have a space after the drive name, which distinguishes them from ASIO drivers
(prefix ”." - note the space after the colon) and the short name of a Driver DLL (prefix ”.").

The 'Audio I/O Libraries' (see next chapter) are just ONE example of such a 'special driver'. There may be
other, hardware-specific drivers (or at least interface-DLLs to the real driver) which can be installed in a
similar fashion.

5.2.2 2.2 The Audio I/O DLLs

(2011-08-14: This function has been re-written, the new DLL is incompatible with older audio-1/O libs !
Older libs didn't support timestamped streams.

Details are in the Manual for the Audio 1/O libraries (PDF available on-line, not contained in the spectrum
lab installer. )

To exchange uncompressed audio streams with other applications, you can select select the Audio-I/O-
library (which is a special DLL) instead of the soundcard. For 'normal’ applications which only use a
soundcard for input and/or output, the rest of this chapter will not be worth reading for you... so skip this
chapter if you intend to use SL with a soundcard.

Originally, the Audio I/O library (in the form of in_Audio.dll) was intended as an "audio output" from

Spectrum Lab's point of view, and as an "audio input" for Winamp(tm), for the sole purpose of streaming
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audio from Spectrum Lab via Winamp. Details about in_AudiolO.dll and winamp at the end of this
chapter.

Since then, the audio I/O library (at least in_AudiolO.dll) has turned from a simple 'input plugin' for
Winamp into a general-purpose 'audio bridge' for various applications. For example, it can also be used to
connect two (or more) instances of Spectrum Lab, with pre-processed data passed from one instance of
the program to another.

To 'install' an audio I/O library as an input device, add it to the list of devices as explained under 'Adding
a special driver for other audio input devices'. Then, select the DLL as the new 'Audio Input Device' on
the Audio Settings tab as in the example below:

params: I—
M ather sources ==

timeout [ms] [S00

Depending on the DLL, additional settings may be necessary. To do this, click on the "Ctrl"-button in the
'Audio Input Device' panel (see the small screenshot above). This opens a new control panel, in which
you can select the directory paths and stream identifiers (more on that later):

Audio-I,/0-DLL Selection for Spectrum Lab
Input DLL |E:'\cbprni\AudioID\in_.-’-‘«udioID.dII
Stream D |V|_F

Output DLL| e
Help

Stream ID|
Test C:\chprofsaudiol O%in_sudiol0.dil - OK
ControlPanel: no ermor

o OFK X Cancel (

Since August 2012, Spectrum Lab supports [2PHD's Winrad-compatible 'ExtIO'-DLLs besides its own
Audio-1/O-DLLs. The concepts are similar, and the DLL-host implemented in Spectrum Lab will
automatically detect which kind of DLL is selected for input.

If only a filename without a path to the audio-I/O-DLL is specified, Spectrum Lab will try load the library
from the following places, in the sequence specified below. However it's highly recommended to specify a
full path, because with each new major version of windows, we are urged to install programs (and/or their
plugins) in different folders !

1. C:\Program Files\Winamp\Plugins\in_AudiolO.dIl (*)
2. C:\Programe\Winamp\Plugins\in AudiolO.dll (default path for a 'German PC')

3. C:\Programmi\Winamp\Plugins\in_AudiolO.dll (default path for an 'Italian PC")

4. in_AudiolO.dll in the "current working directory" (CWD) ,whatever that is...
(the concept of the 'current working directory’, as implemented in windows, is quite broken
because the file selector box (a windows dialog) modifies it by its own gusto, even when told by
the application not to do so, so don't rely on it. Spectrum Lab tries to set to set the CWD back to
where it should be after opening a file selector, but this isn't bullet-proof. Select the DLL manually
in this case, and make sure you pick the correct, and full path ! )

(*) If the Audio I/O Library is used as a gateway between Spectrum Lab and winamp, it MUST be loaded from winamp's
"Plugins" directory. Most applications (like streaming to the internet) don't require Winamp anymore; and in that case you can
install the DLL in other folders.

Don't be confused by the name "in_AudiolO.dIl" - the prefix "in_" must be seen from Winamp's point of view : For winamp,
it's an input plugin. For Spectrum Lab, it's an output device, but it can also be used as a link between an audio-producer and an
audio-consumer. Thus "in_AudiolO.dIl" can be used either as an audio input, or an output, but not both at the same time in one
program instance.
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Optionally, you can specify a unique 'Stream ID' in the Audio-I/O-selection dialog. This is necessary if
there are multiple instances of the 'Audio-I/O-DLL' running on your PC at the same time. For example,
there may be one program providing a stream named "VLF", and another (or the same) program
providing a different stream named "VLF 2". If both using the same Audio-I/O DLL for distribution, you
must fill out the 'Stream ID' field to connect to the wanted channel.

Any further configuration of the audio I/O library is beyond Spectrum Lab's control. As shown in the
screenshot of the 'Audio I/O-DLL Selection for Spectrum Lab' above, there is a button with the 'hand

pointing right' : JE‘ It usually opens a special configuration screen in the DLL (if the DLL supports it).
The sample DLL ("in_AudiolO.dIl") which is contained in SpectrumLab's installer will show something
like this:

B8 Audio-1f0 DLL Panel [ |01 [[X]

Stream: VLF, 4100.0 Hz
R1: SpectrumLab1
R2: AudiolOTestClient

# #
— o

bu v
fciHz [0 |fyHz (0.0 |
Run | Info | Gain | Quit |

Hint:
If an audio-IO-DLL is already selected as the 'input' in Spectrum Lab, you can open the DLL's
control panel through SL's main menu:
Options ... Show Control Panel for audio-input-DLL. The same applies to Audio-I/O and ExtIO.

There may be other 'Audio-I/O-DLLs' available - for example, DLLs used as drivers for 'exotic hardware'.
The above screenshot is just an example for such a DLL. Actually, "in_AudiolO.dll" can be used to
distribute a gapless, uncompressed audio stream from one source to multiple destinations ("readers"),
which are listed on the DLL's control panel. Winamp may be one of those destinations (from Winamp's
point of view, this DLL is an "input plugin"). The control panels of other I/O-DLLs may look completely
different, and it's unlikely that they will also operate as Winamp input plugins.

Again, details about the Audio-1/O-DLLs are available online (as PDF) in the Manual for the Audio /O
libraries.

See also: Audio streaming, SL Audio Settings, Sending audio from SL to Winamp, Winamp Plugins,
Details about Audio I/O DLLs (web link), Overview (index).

5.2.3 2.3 Using in_AudiolO.dll to stream audio into Winamp

Originally, the Audio I/O library (in the form of in_ AudiolO.dll) was intended as an "audio output" from

Spectrum Lab's point of view, and as an "audio input" for Winamp(tm), for the sole purpose of streaming
audio from Spectrum Lab (acually a filtered VLF Natural Radio stream) via Winamp, and the Oddcast
plugin, to an internet audio server (Icecast). Details about that are beyond the scope of the Spectrum Lab
help system; you can find more info about using the Audio-1/O-library to connect Spectrum Lab to
Winamp here (external weblink, requires an internet connection, and describes the configuration of
Spectrum Lab, Winamp, Oddcast, and Icecast. Unfortunately, the development of Oddcast or "Edcast"
seems to have stopped.... see http://www.oddsock.org/ ).

For audio streaming applications, consider using Ogg/Vorbis instead of in_AudiolO.dll . Support for
outbound Ogg/Vorbis audio streams is integrated in Spectrum Lab; MP3 is not .

5.2.4 2.4 Using in_AudiolO.dll to stream audio from one SL instance to another

For this application, it's not necessary to copy the in_AudiolO.dll into the winamp plugin folder, but
recommended. If you don't have winamp installed on your system, unpack in_AudiolO.dll into the
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spectrum lab folder. This way, SL will find it automatically even if you didn't specify a full path.
The library 'in_ AudiolO.dll' can be used to feed digitized audio from one writer (source) to multiple
readers (destinations). Example:

1. The first instance (of Spectrum Lab) reads samples from the soundcard, resamples them to the
precise nominal sampling rate (using the SR calibrator) and sends the processed samples to the
audio-I/O DLL. For this purpose, the configuration of the 1st instance has the 'Audio Input Device'
set to the soundcard (-1 = default wave input), and the 'Audio Output Device' is an 'Audio I/O
DLL'.

2. The second instance (of Spectrum Lab) has the 'Audio Input Device' set to the same 'Audio I/O
DLL' (same path, same file).

3. The third, and any other instance (of Spectrum Lab) have their 'Audio Input Devices' also set to
the same 'Audio I/O DLL'. Thus the same signal (produced by the 1st instance) can be processed
by multiple other instances of Spectrum Lab, without the need for a 'virtual audio cable' or
multiple soundcards connected to each other.

This is possible because the audio I/O libraries (at least "in_AudiolO.dIl") support multiple
readers.

4. The same DLL (in the same folder) can also be loaded by other applications at the same time,
besides Spectrum Lab. This is possible because the DLL uses shared memory to distribute the
digitized audio stream. Details on how to use the audio I/O DLL in your own application are here
(external link).

See also: Audio streaming, SL Audio Settings, Sending audio from SL to Winamp, Winamp Plugins,
Details about Audio I/0O DLLs (web link), Overview (index).

5.2.5 2.5 Using a Winrad-compatible ExtIO-DLL for input

Since August 2012, Spectrum Lab supports [2PHD's Winrad-compatible 'ExtIO'-DLLs besides its own
Audio-I/O-DLLs. The concepts are similar, but the API is very incompatible. Fortunately the DLL-host
implemented in Spectrum Lab will automatically detect which kind of DLL is selected for input. You may
find an ExtIO-DLL for 'your' radio at winrad.org/. For SDR-IQ and Perseus, this is not required because
these two radios are supported natively by Spectrum Lab.

To 'install' an ExtIO-DLL ("driver") for input in Spectrum Lab, select "Options" .. "Audio Settings" in
SL's main menu.
Then, click on the three-dotted button to select a driver for the new input device:

% SpecLab Configuration and Display Control

TR* Control ] Memary ] Filenames ] ‘Wave Files '
spectrum () | . | .® | . | RadioDF |

= Ctrl ather sources ==

timeout [ms] 200

Next, select the 'driver' (actually just an interface DLL). This may be an ExtIO-DLL (filename begins
with "ExtIO" and ends with ".DLL", which you only see if you reconfigured the STUPID windows
environment so it doesn't hide known extensions by default). Note that for some/many/all ExtIO-DLLs it
may be necessary to install them into the same directory where the application is installed (in this case,
SpecLab.exe). Reason: Some DLLs don't find certain auxiliary files when the 'current directory' is not the
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same as 'their own' directory. This is stupid, but that's the way things are.
Here, for example, the ExtIO-DLL to control PERSEUS:

Install f select driver for other audio input devices

Suchen in: | I SpeclLab j g
=1 Marne Grile  Typ Geandert am ~
\—‘ﬁﬁ |5 5creenshot_Archive Dateiordner 30.07.2012 23:55
Zuletzt [C)screenshoks Dateiordner 14.08,2012 22:55
verwendete [ _
. [Z)server_pages Dateiordner 05052012 23:37
r - 351D Dateiordner 30.07.2012 23:55
Desktop () SwWI_wO1 Dateiordner 05.05.2012 22:16
() swi_v0z Dateiordner 30.07.2012 23:55
. [)temp_output Dateiordner 30.07.2012 23:55
—j () Thrownout Diateiordner 30,07.2012 23:55
Eisere Belein [Sywaveforms Dateiordner 30.07.2012 23:55
[ywinamp Dateiordner 30.07.2012 23:55
=1 @ ExtI0_perseus 191 KE  Programmbibliothek, 20,12.2009 13:09
:ﬁ_g ‘j:] Oagagvorhis4sL.dll 1.679 KB  Programmbibliothek. 10.04.2012 21:38 =

[ [ B ] 117D Mecae menenbibliabble nA e N0 1S

Arbeitsplatz <

>
“_:‘] D ateiname: |E:<tIEI_perseus.dII ﬂ [ffren |
-

Metzwerumgeb  Dateityp: |Dynamic Lirk, Libraries [*.dll] j Abbrechen
ung

After that, Spectrum Lab prompts you for additional parameters which may be passed to the DLL on
initialisation. The ExtIO-DLLs don't support command line arguments, so in most cases you can leave the
'parameters' field empty:

S& Install f select driver, for other audio input devices E][E|g|

Erter additional parameters

x Abbrechet‘

Only if the ExtIO-DLL doesn't provide the digitized samples itself, but relies on the soundcard for input,
the name of that soundcard must be entered in the 'parameters' field shown above. In certain cases, SL can
make an 'educated guess' for the name of the soundcard. For example, under Windows 7 (but not under
Windows 8.1), the FiFi-SDR identified itself as 'FiFiSDR Soundcard' to the windows multimedia system,
thus after selecing 'ExtIO_Si570.d1l" as the new input device, Spectrum Lab will preset the 'parameters'-
field with the string 'FiFiSDR Soundcard'; but it's your decision to modify this box as necessary.
Spectrum Lab will add the complete path to the DLL in its list of "input devices" now, so you can easily
select it (or any other device) quickly by picking it from the list. There is also a button ("Hand pointing
right") on SL's audio input panel (see screenshot) which may take you to a hardware-specific control
panel.

Imput Device § Pipe §F Driver
eoLab’Extlo_perseus dljRd J

params: I—
' other sources ==

——
timeout [ms] 200

See also: Audio Settings, Audio-1/O-Libraries .

5.2.6 2.6 FiFi SDR

The FiFi-SDR is a small software defined radio with an integrated USB soundcard. It contains a
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programmable VFO, using the Si570 (programmable oscillator chip). As an (almost) fully assembled kit,
including the preselector board, the SDR was available for 130 Euros in 2012 at the german Funkamateur
Verlag:

To control this cigarette-box sized HF receiver from Spectrum Lab, you will need a special ExtIO by
Fred, PEOFKO, filename 'ExtIO_Si1570.d1I'.

Do a web search for 'SoftRock Ensemble Configuration Tool". The installer for Fred's 'driver DLL' used to
be at peOfko.nl/CEGSR/, along with a nice tutorial. Note that the FiFi-SDR is only one of a couple of
Si570-based radios supported by this DLL.

A similar ExtIO-compatible interface for the FiFi-SDR may work, too; but none (besides Fred's) was
completely tested by the author of Spectrum Lab.

An alternative DLL named 'ExtIO_FiFi' was found somewhere, which seemed to work for a while, but it
always crashed when trying to open the control panel (ExtIO: "ShowGUI"). The DLL was dumped for
that reason.

Details about the FiFi-SDR, developed by German radio amateurs (on their 'FichtenFieldDay', thus the
name) used to be at 028.sischa.net/fifisdr/trac and www.ov-lennestadt.de/.

Unfortunately, the FiFi-SDR hardware seems to be better than the control software. On the author's PC,
controlling the VFO frequency (through ExtIO Si1570.d1l) often stalled. If 'your' FiFi-SDR also doesn't
react on changes in the VFO frequency, don't make the same mistake by changing the settings on the
ExtIO_Si570 control panel ! Instead, unplug and re-plug the USB connection. In most (if not all) cases,
the VFO worked properly again afterwards.

Here are the settings used for the FiFi-SDR, on the ExtIO_Si570 control panel:

PEOFKO, Exti0_Si570 X

Geneial| USE 5570 | L0 | Tune | ABPF | Calibrate | Test | it | About |

51570

i2caddr: | Ox05 e Save Freqrange: | 0.5 160

Startup : 141 MHz WEO 3525 MHz Save
Smoath; 3000 ppm  @YFO | +10.6KHz Save

SIB?0 | Grade C - DCO min (0% = DCO max 0% =
Index: |7 -Momal « v Freezes the M Control Waord,

Reset SH70 | Factony default|

& Press 'H' ta show when hidden. Cloze | Hide: |

The preselector settings on the ExtIO_Si570 don't seem to have any effect for the FiFi-SDR: After
soldering 8 additional LEDs to the preselector board to indicate the preselector switches, it became
obvious that the microcontroller drives the preselector switches automatically.
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Another note about the FiFi-SDR: On a PC running trusty old Windows XP, the FiFi-SDR's soundcard
immediately delivered 96 kSamples/second (right out of the box), and the observable bandwidth was 96
kHz (but with severe aliasing effects at the extreme edges, which is possibly caused by a poor audio
codec).

On a PC with Windows 7, 32 bit, "Home Premium", and later on Windows 8.1, the very same device,
same soundcard, only showed a 48 kHz wide band even when the sampling rate (configured in SL's
'Audio Settings' panel) was also set to 96000.

How to cure this annoyance is shown below; if you have an EASIER way to get the FiFi-SDR running at
a 'true' sampling rate of 96000 Samples/second under Windows 7, please let me know. Here's what the
author tried on a german Windows 7 machine:

1. Open the system control ("Systemsteuerung"), switch the display from "Kategorie" ('Category' ?)
to "Kleine Symbole" (‘Small Icons' ?). On a german PC, this window was titled "Alle
Steuerungselemente", if that means anything to you.

2. Click on the 'Sound' icon (loudspeaker symbol) .
3. Switch to the tabsheet "Aufname" ('Recording' ?)

4. With a bit of luck, you will find a '"Microphone' there, followed by the name 'FiFiSDR Soundcard'
(stupid, isn't it ?).
Click on that device to select it for the changes below.

5. Click on the button labelled "Eigenschaften" ('Properties' ?). Do not click on "Konfigurieren"
("Configure' ?).
With even more luck than you already had, this button opens yet another well-hidden propery
panel.

6. On the german PC, the control panel had the stupid title "Eigenschaften von Mikrofon"
("Properties of Microphone' ?)
(Microsoft seems to think that every audio source connected to a soundcard's is a 'microphone’,
but you can change the text from 'Mikrofon' to something like 'SDR', and pick another symbol for
the device)

7. On the tabsheet 'Erweitert', 'Standardformat', 'Wéhlen Sie die Abtastrate und die Bittiefe aus'...
(Something like 'Extended' (?), 'Standard format' (?), 'Select sampling rate and bits per sample’'
()

8. Switch from 2 Kanal, 16 Bit, 48000 Hz (DVD Qualitit)
to 2 Kanal, 16 Bit, 96000 Hz (Studioqualitiit)' .

After the above steps, the FiFi-SDR showed the full 96 kHz wide in Spectrum Lab, also on a Windows 7
machine.

Fred's ExtIO_Si570.dll was manually installed into C:\afusoft\FiFi-SDR\ExtIO Si570.dll . This full path
must be added to Spectrum Lab's list of audio devices (under 'Options'..'Audio Settings', click on the
three-dotted button to select the file). After that, SL's Audio I/O configuration tab should look like this:

% SpecLab Configuration and Display Control

" TRX Control I Memory | Filenames I Wave Files. I Markers | |
spectrum(1) | .2 | .@3) | . @ | RadioDF | FFT Audi
—Input Device / Pipe / Driver—— —Audio Processing—————————————

10_Si5TOVE0_Si570.diEg J Soundcard Sample Rate |5’€‘DDD 'I
-1 Default WANE input decimate input SR by |1 'I

0 SDR (FiFiSDR Soundcard)
== Resample..lnuthing (dun‘tresample}j

1 Mikrofon (SoundMAX Integ
SDR-I0/ SDR-14 Sample Rate Calibration Table [Hz]
Nominal | Input calib | Output catib | =

Perseus
{CiicbprofiSpecLabiExtio_U 5512 [5512.000  5512.000
8000 |5000.000  |5000.000

CARTL-SDR\ExtIO_USRP.dIl
11025 | 11025.000 |11025.000

CARTL-SDR\RTLSDR_GUNEA -
Chafusof\FiFi-SDRExO_Si
cardins.

Note: Unlike noted elsewhere, the ExtIO-DLL doesn't need to be copied into the Spectrum Lab folder.
With a full path specified as in the above screenshot, SL will load the DLL, and if the DLL itself is smart
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enough, it will be able to load other files (if needed) from its own installation folder.

With the ExtIO_Si570 loaded, Spectrum Lab will look for a name like 'FiFiSDR Soundcard' in the list of
'audio devices' offered by the windows multimedia API. If that doesn't work (because on your PC the
'FiFiSDR Soundcard' has a different name), declare the FiFiSDR Soundcard as the 'default audio input
device' for windows. That way, if SL doesn't find a device which looks like a FiFiSDR (soundcard), it will
use the default WAVE input (device "-1").

This is necessary because unlike most other 'ExtIO'-DLLs, ExtIO_Si570 doesn't deliver the digitized 1/Q
samples from the radio. ExtIO Si570 only controls the radio's VFO (it doesn't even control the nice
bandpass filters aka "Preselector Board" in the FiFiSDR, at least not in ExtIO_Si570 V2.6 which was the
version used for these tests).

Getting "FiFi-SDR" running on a new PC with Windows 8.1

When trying to get the FiFi-SDR running on a new PC with Windows 8.1, the old USB-related trouble
started again. The drivers shipped with the radio years ago didn't work (no big surprise), and in the
(Win8.1-) system control / device manager (in german: "Systemsteuerung / Gerite-Manager"), the FiFi-
SDR didn't show up as is used to on the old machine. Instead, it now showed up as 'other device'
("Andere Gerite"), "SoftRock SDR" (!?!), garnished with a yellow exclamation mark which usually
indicates a problem with the device driver.
In this case (on a PC with german user interface), the only explanation displayed was the usual mumbo-
jumbo:

Die Treiber fiir dieses Gerdt wurden nicht installiert. (Code 28)

Es sind keine kompatiblen Treiber fiir dieses Geradt vorhanden.

Klicken Sie auf "Treiber aktualisieren", um einen Treiber fiir dieses Gerat zu
finden.

Of course, and 'as usual' for exotic hardware, windows was not able to find a function driver for the USB
interface (neither 'automatic' nor 'on the computer' - what else would you expect ?

An updated driver (which should work under Windows 8 as well) was finally found at
http://028.sischa.net/fifisdr/trac/wiki/Windows#Download . The file actually installed (BEFORE
connecting the SDR to the PC) was '028 20130929 Win7_ Win8 only.zip' .

AFTER that, the FiFi-SDR was connected to a USB port, and appeared as 'Mikrofon (FiFiSDR
Soundcard)' in the device manager.

And, again AFTER that, PEOFKO's 'SoftRock Ensemble Configuration Tool' had to be installed, to
control the VFO frequency in the Si570 synthesizer as already explained above. This included installing
another bulky dot-net-something package, and 'clicking away' half a dozen of security warnings, before
finally the CFGSR utility was sucessfully installed.

After that, the ExtIO-interface-DLL (which is required for Spectrum Lab to set the radio's VFO
frequency) was found in C:\Program Files (x86)\CFGSR\ExtIO_Si570\ExtIO_Si570.d1l .

Beside selecting 'ExtIO_Si570.d1l' as input device, type 'FiFiSDR Soundcard' (without quotes) into the
'Params'-field, because Spectrum Lab needs to know the name of the audio device because in this special
case the DLL does not deliver digitized samples, but only controls the VFO. More on selecting ExtIO-
DLLs as input device in Spectrum Lab here .

After that, Windows needed another kick (not in the a.. but in the system control) to allow using FiFi with
a 96 kHz sampling rate. Surprisingly, the way to get it running at 96 kHz was almost the same as already
described here for Windows 7.

If you use Windows 10, you're completely on your own at this point...

5.2.7 2.7 RTL-SDR (for example, "DAB sticks'" and similar devices)

After struggling a bit with a stubborn operating system, unreliable USB drivers, poor documentation, etc,
the author finally managed to get a "Noxon' DAB Stick running properly (well, half way) using the
"ExtlIO_USRP+FCD+RTL282+BorIP" package from wiki.spench.net/wiki/USRP_Interfaces.

From Spectrum Lab's point of view, the interface DLL (ExtIO _USRP.dl) is selected as an input device
like any other ExtIO-DLL (details here), and -in contrast to the note from the ExtIO_USRP installer- it is
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not necessary (and not advisable) to clutter the Spectrum Lab installation folder with the stuff from the
"ExtIO_USRP+FCD+RTL2832U+BorlP_Setup" (like many others, the website seems to have gone
'QRT', so you're on your own now).

Getting the 'Noxon' stick running was a painful experience (basicallly, nothing seemed to work right out
of the box).

» After updating 'Zadig' to Version 2.1.2, no devices were found, even with the DAB stick plugged
in.

» After selecting 'Options'..'List all devices', a 'DAB Stick' appeared.

* 'DAB Stick' was then selected in Zadig's combo list, and "WinUSB v6.17600.16385' installed (in
december 2015).
After that, the status line in Zadig showed 'Driver Installation: SUCCESS'.

* The website mentions that 'Legacy' is more stable than 'UHD!,
but no control was found (at least not in the 'Zadig' control panel) where one or the other could be
selected.

* The 'USRP Interfaces' wiki mentions the need for a 'Device hint', to be entered in the 'ExtIO:
USRP' control panel.
For the Noxon DAB Stick', that device hint is "RTL" (without the double quotes, of course).

» After entering the right 'Device hint', and clicking on 'Create' right next to the input field seemed
to kick the ExtIO-control-DLL alive, and it recognized a device titled
'"Terratec NOXON (rev 1) (Fitipower FC0013)'. This name was shown in title of the DLL's own
control panel.

* If you successfully got to that point (with a similar device):
Contratulations, you're half-way done. Change the sampling rate, but beware, the 'Sample' combo
seemed to contain sampling rates which -at least with the Noxon stick- did not work. 1 Msps
seemed to work, and the ADC function block (in Spectrum Lab's circuit window) turned green.

*  You can now close the ExtIO-DLL's control panel. The VFO frequency can be controlled from
SL's own input field.

* During the author's test, the signal levels delivered by the Noxon stick were extremely weak. Even
the local FM station appeared at about -100 dBfs (dB "over full scale"), using a quarterwave
antenna. Due to the mediocre performance of this "radio", further tests were abandoned.

Note: Some of Spectrum Lab's DSP- and signal analysis functions are not optimized for speed. The
minimum sampling rate of the RTL2832U chip seems to be 1.6 MSamples/second (at least with
ExtIO_USRP.dIl), which is a bit steep for older PCs (especially notebooks with power-saving Centrino-
or Atom-CPUs). To reduce the CPU load, the 1.6 MSamples/second from the input should be decimated
by 4 or 8, using SL's input preprocessor, so the processing sampling rate inside Spectrum Lab is 400 or
200 kSamples/second - which is still 'wide enough' to demodulate wideband FM.

The configuration 'RTL_SDR_WFM Test.ust' (contained in the installer) uses several stages of
decimation and resampling:

* 1/Q input from the DAB stick with 1.6 MSamples (signal at labels LO / RO in the circuit window)

* input pre-processor decimates by 8 -> still an I/Q signal at L1/ R1, but fsample =200 kHz

* wideband FM demodulator between L1/R1 and L2 (demodulated output still at fsample = 200
kHz)

* output post-processor resamples 200 kHz with a 'factor’ of 0.22050, result: fsample = 44.1 kHz at
L6

This way, most of SL's signal processing chain operates at a reasonably low sampling rate, including the
input for the spectrum analyser (complex FFT tapped at L1/ R1).
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5.2.8 2.8 SDRplay (RSP1/1A/2/duo,..., useable via ExtIO DLL)

Spectrum Lab was tested for compatibility with SDRplay's ExtIO (interface DLL), Version 1.2, available
at www.sdrplay.com/downloads.

Note:
Even though the SDRplay 'EXTIO PLUGINS' installer (SDRplay ExtIO Installer 1.2.exe at the
time of this writing) supports multiple radios by SDRplay, it doesn't support the 'dual’ receiver
option for the RSPduo, so if you use the RSPduo, pick the SDRplay 'RSPDUO EXTIO PLUGIN'
installer (SDRplay ExtIO _RSPduo Installer 1.2.exe at this writing) !

Following the instructions from the installer ..

PLEASE MAKE SURE THERE ARE NO RSPs CONNECTED
TO THE MACHINE BEFORE CONTINUING
Note: You must select the SDR application installation directory
on the next screen to put the SDRplay EXTIO plugins into.

Setup will install EXTIO into the following folder ...

e ProgramEites {36\ SPRpt+a

I decided not to install SDRplay ExtIO DLL into the Spectrum Lab folder (which would have been the
'SDR application installation directory'), beause the SDRplay ExtIO Installer 1.2.exe not only copied
the DLL file, it also placed an uninstaller (anonymous name 'unins000.exe'), which I did nof want to have
in the Spectrum Lab folder.

The SDRplay ExtIO installer also asked for a destination location for the 'API'. The default folder was C:\
Program Files\SDRplay; I decided to install the 'API' into K:\SDRplay API instead. It turned out the
'API' actually installed the USB drivers, along with a documentation for developers.

At some point, you will be prompted with a message like this:

CONNECT YOUR RSP AND ALLOW DRIVER INSTALL
TO COMPLETE BEFORE USING THE API

When installing the device driver, Windows pops up the usual warning about security. Accept it,
otherwise you won't get the SDR running:

i=] Windows-Sicherheit n

Mdchten Sie diese Gerdtesoftware installieren?

-p Name: SDRplay Ltd Audio-, Video- und Gamecontr...
\'" Herausgeber: SDRplay Limited

Software von "SDRplay Limited" immer vertrauen Installieren | | Nicht installieren |

#' Sie sollten nur Treibersoftware von vertrauenswirdigen Herausgebern installieren. Wie kann
festgestellt werden, welche Geratesoftware bedenkenlos installiert werden kann?

'Do you really want to install the device driver ?' -
here on a Windows 8.1 machine in german language.

After rebooting the PC (which is sometimes necessary after installing a new driver), select the Ext1O-
DLL for your SDR as explained at the begin of this chapter (-> Using a Winrad-compatible ExtIO-DLL

for input).
For the SDRplay receivers, select the DLL file for your receiver, e.g.:
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« ExtIO_SDRplay RSP1.dll
« ExtlO_SDRplay RSP1A.dll

« ExtlO_SDRplay RSP2.dll
« ExtIO_SDRplay RSPduo.dll

None of these radios needs an 'additional parameter' for the ExtIO DLL, so leave the field empty when SL
asks for it.
Like most other SDRs (with USB or Ethernet interface), the SDRplay receivers deliver an 1/Q stream, so
start with one of the preconfigured configurations for 'SDR and Image-cancelling DC receivers (1/Q)'
under the 'Quick Settings' menu.
Note: Since 2020-01, Spectrum Lab doesn't select a different input device if the input device is already an
SDR (software defined radio), even when picking one of the configurations that were originally prepared
for a certain SDR, e.g.
"Quick Settings" -
"SDR and Image-cancelling DC receivers (I/Q)"
"SDR-IQ, 37 kHz sampling rate, downconverter, adjustable filter"

5.2.9 2.9 Audio File Servers and Clients

It is possible to connect Spectrum Lab to an other application which serves as "remote Analog/Digital
converter" or "Digital/Analog coverter". The other application then acts as "Audio File Server" to replace
the audio input (ADC) and/or output (DAC). This may be used as an interface to any kind of exotic audio
hardware. (Note: You don't need this if SL shall analyze the audio input from your "local" soundcard !)
To establish a link between an audio client and an audio server, the audio client (which is Spectrum Lab)
must know the name of the audio server, or at least the name of the file produced or consumed by the
server. All this can be configured in Spectrum Lab's "Audio File Server" menu:

spectrum () | .20 | @ | .4 | RedioDF | FFT | Audiolio  ADDA Server
Cther Audio sources and targets (audio file server, or message-hazed system)
[ consume ADC file - ||3U-di°- dat

start: ...|SndInput,.exe S=r=1102Z8 se |S‘t|:|p; ___|SndInput,.exe Souit

[ produce DAC file
max (0 K, start: | stop |

i~ :Rec:eive audio data through WYalbl_COPYDATA messages (for example from winamp plugin)§
[ Send audio data through Yah_COPYDATA message to window name: |

[~ Receive audio via : - Source P addr (1921680201 port 4024

[~ Send audio via: « | Destination P addr [192.165.0.200  port 25

W Actas & SERVER for audio-via TCPAP my IP acdr (1921680100 port (1024

Last error: o error |

For example the program may receive audio data from an audio server called "SndInput.exe" and sends
sound data to "SndOutpt.exe". (These are just examples, I use these two programs myself. Instead of
SndInput.exe use Serlnput.exe if you have an external A/D converter on the serial port. See notes below)
In this case, simple disk files are used to exchange audio data from "producer" to "consumer". The audio
file transfer protocol is very simple (not "FTP" for heaven's sake :-), it is described in a file which is
available from the author of Spectrum Lab (part of the sound utility package, files
"SoundUtilityInfo_01.txt" (english) and "SoundUtilityInfo 49.txt" (german). Two sample programs
which use the soundcard are written in plain "C", and are available on the DL4YHF website. They can
easily be adapted to drive any external A/D or D/A hardware. To drive the author's PIC-based A/D
converter (connected to the serial port), use the serial input utility mentioned further below.

To use an external A/D or D/A "server" program, fill out these fields in Spectrum Lab's setup dialog:

"consume ADC file"

Activate this checkmark if you want to use an external audio file server instead of your soundcard's
analog/digital converter,
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and enter the name of the file which will be produced by the audio server.
Example: ..\SoundUtl\audio.dat
"to start A/D server"
This is an optional service if you want to start your A/D server automatically from SpecLab (only
possible when the audio server runs on the same PC as SpecLab, otherwise you will have to start
the server manually). Example:
Example: C: \SoundUtl\SndInput.exe /of=audio.dat /sr=11025 /ch=1 /dt=1
(Look into the A/D server's manual for the necessary command line parameters ! The command line
may be added automatically after you selected the server by clicking on the [...] button )
"to stop A/D server"
This is a similar command line as the one above, but to stop the A/D file server (and terminate
itself, usually..). The command line argument for both SndInput.exe and SerInput.exe is /quit .
"produce DAC file"
Activate this checkmark if you want to use an external audio file server instead of your soundcard's
analog/digital converter,
and enter the name of the file which will be produced by the audio server.
Example: ..\SoundUtl\to_dac.dat
"to start D/A server"
Works like "to start A/D server" (described above) if you want to start the D/A-conversion server
automatically from SpecLab.

Besides web streams and the "file-based" audio interface, it is possible to send and receive uncompressed
audio through other means:

* Receive audio data through WM_COPYDATA messages
Select this option to receive audio data from the "Winamp-to-SpecLab"-plugin.

* Receive and send audio through an 'Audio I/O DLL' with shared memory (details at
www.gsl.net/d/dl4yht/AudiolO/index.html).

Notes:

* While the "A/D" server is in use, the message "File doesn't exist" may appear on the tabsheet "A/
D D/A Server". This is not an error. It only means that SpecLab looked for the audio exchange file
and didn't find it, because the server has not produced a new file since SL last deleted it. Under
normal conditions, the message toggles between "no error" and "file not found". If the "file not
found"-message never disappears, make sure the filenames are correct, and the A/D server writes
the file into the directory where SL expects it. It may be helpful to specify the full path for the
audio file, not just the pure filename (something like "c:\temp\audio.dat" instead of just
"audio.dat").

* SL uses 16-bit integer values (by default) to communicate with "audio file servers". This may be
different if decimated I/Q sample pairs are used.

* For more information about the "sound input" and "sound output" utilities, look into the file 2..\..\
SoundUtl\SoundUtilityInfo 49.txt (in german) or 2..\..\SoundUtl\SoundUtilitylnfo 01.txt after
downloading and unpacking the "sound/audio utilities" from DL4YHF's website. If you already
have a copy of DL4YHF's "Sound Utilities" on your harddisk: The SoundUltilityInfo-links only
work if you have downloaded these utilities and copied them into the same directory structure as
in my original "source files".

5.2.102.10 Audio via COM port (and other 'exotic' ways to feed audio in real time)

Since October 2002, a firmware is available for a PIC12F675 microcontroller which can be used as an
external A/D converter for 2 channels at exactly 2500 samples per second. Data are sent to the PC through
the serial port ("COM1" or "COM2"). PIC-Firmware and "interface driver" program ("SerInput.exe") can
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be obtained from the author, or downloaded from DL4YHF's homepage. The "interface driver" program
is implemented as an audio server for Spectrum Lab (and almost any other application, written in any
programming language which can access simple disk files). See hardware desription for the PIC-based
serial A/D converter for more details.

Due to the complexity and the size of it, the rest of this chapter has been moved into another file.
Please see SpecLab/html/audio_via com port.htm for details about how to configure Spectrum Lab to
receive digitized audio (or similar sampled streams) via the PC's serial port.

% Speclab Configuration

TR Control ] Memory ] Fih
spectrum (1) | .2 | LD

Input Device ¥ Pipe § Driver

0 Soundhda s HD Auddio R J

EETT I — SpecLab Configuration and Di
0 Soundka X HD Audio

1 ¥B-Audio Point == TRX Control | Memory | Fienames | AudioFik
2 MSVAD (Simple) Spectrum (1) = — o Radio

3 Blustooth-Audio & m|.@ | . |. @ |

4 Hochwertiges Blustoath-4) Input Device / Stream / Driver Audio Processing

A ASIO Sample |c0r,15 - J Nominal Sample Ra
A ASICEALdolCO-Gatew sy J . . i
SDR-I0 / SDR-14 = LEIET ER (115200,3-1-1,101 2 ?| decimate input 5

el cons 0 Cirl other scextra parameter string
== -

Sample Rate Calibrz

timeout/ms | 200 latency/ms|0 — -

: udlicloin_ Audiol ; - Tnput cali

5.2.112.11 Sending and receiving audio through WM_COPYDATA messages

Different audio-processing programs running on the same computer can send audio in real-time to other
applications without the need for an extra soundcard, or a virtual audio cable. Spectrum Lab (and a few
other applications written by its author) can use WM_COPYDATA messages. Details about the principle
are here. One application which uses this feature is an output-plugin for Winamp, which allows you to
play MP3 files (and audio streams received from the internet) directly into Spectrum Lab. Details about
the Winamp-to-SpecLab plugin are here.

5.2.122.12 Audio output resampling

In certain cases, the sampling rate of the audio output (DAC) may be different from the sampling rate of
the input (ADC).
Example:

* The input comes from an external "box" (for example, an SDR), which uses an exotic sampling
rate that is not an integer multiple of your computer's soundcard,

* your computer's soundcard uses slightly different sample rates for the in- and the output (this
happened, for example, with the integrated audio device in Thinkpad notebook). How to notice
this is explained further below.

* you want to connect an exotic audio output device to the computer, which doesn't use one of the
'standard' audio sampling rates

In these cases, open the "Audio I/O" tab in SpecLab's configuration dialog. Set the checkmark "use
different output sample rate", and enter the nominal sampling rate. For example:

[v] use different output sample rate:
nominal : 22050 Hz
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SL will try to lookup the precise sample rate in the sample rate calibration table.

The "precise" sampling rate for the output may be a bit difficult to find out if you don't have a hardware
frequency counter, but there is a trick how to do this below. SpectrumLab needs to know this "real" output
sampling rate to calculate the precise resampling ratio, which may be any fractional number (thanks to an
algorithm similar to those explained at http://www-ccrma.stanford.edu/~jos/resample/ ). The next chapter
describes on of the most important applications of the output resampling function.

5.2.12.1 2.12.1 Bad soundcards with different sample rates for ADC and DAC

A quick check to see if the input- and output sampling rate of your soundcard are exactly equal (as they
should, in a 'good' soundcard) :

* Turn the option "use different output sample rate" off (see above)

* Turn on both ADC and DAC in the circuit window (so the soundcard runs in full duplex mode)

* Turn on one of the sine waves in the test signal generator, and connect it to the output
* Let the generator run for several minutes, and listen to the tone. If you hear a clean note without
any gaps (popping or clicking sounds), you don't need different input- and output sample rates !

Otherwise, in the main menu, select "View/Windows"..."Debugging Window". On the Debug tab, there
are indicators for the input- and the output buffer usages. Watch the display for "OutBuf=XX %" and
"InBuff=XX %". Typically (if all works well in full duplex mode), the output buffer is filled to 40 .. 60
percent, and the input buffer is filled to 0 percent. Why ? As soon as input samples are received from the
soundcard, they are processed; so the input buffer is ideally empty most of the time. On the other hand,
the output buffer must not run empty - otherwise, there is the chance of interrupted audio output (which
you hear as "popping" or "clicking" sounds). When the audio processing starts, the output buffer is filled
to about 50 percent of the available space.
If the "OutBuff" percentage slowly decreases, the true output sampling rate is higher than the nominal
value (as in the example shown above).
If the "OutBuff" percentage slowly increases (or the "InBuf"-percentage increases), the true output
sampling rate is smaller than the nominal value.
If you have a frequency counter, you can easily find the correct value for the true ("real") output sample
rate: Use SL's test signal generator to produce a 1000 Hz tone, measure it with a frequency counter, and
calculate the "real" sample rate as below:
f sample real =f sample nominal * f test measured / f test .
Example: f sample nominal = 22050 Hz, f test = 1000 Hz, f test measured = 1006.8 Hz

->f sample real =22050 Hz * 1006.8 / 1000 = 22199.94 Hz .
After this, there should be no more input buffer overruns, or output buffer underruns... until you install
another soundcard !

back to top

5.2.132.13 Multiple soundcards in one system

If you have more than one audio device (soundcards eg) in your system, you can select the audio input
and output which shall be used by Spectrum Lab in the audio settings.
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Beware: The names which appear in the selection list are sometimes quite cryptic, like "Nr. 3 =
Hochwertiges Bluetooth-Audio" on the author's machine.

If there's only soundcard installed on the PC, leave both "Audio Input Device" and "Audio Output
Device" set to the default value (-1 = default WAVE input / output). The program will then use the first
available soundcard, which is usually correct.

Entries in the device selection lists which do not begin with a number are ASIO drivers. More information
on how to use ASIO is in this separate document .

See also: audio servers, audio 1/O DLLs, ExtIO-DLLs, program start with command line parameters .
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5.2.142.14 Unexpected aliasing and soundcard trouble under Windows 7/8/10

5.2.14.1 2.14.1 Unexpected aliasing under Windows 7

The following was suggested by a member of the Spectrum Lab user's group (- thanks Ed -) to eliminate
aliasing effects when trying to run the soundcard at 48000 samples/second or more under Windows 7 :

* Look into the sample-rate setting under the 'Advanced' setup in the properties of the sound
recording device.
(Control Panel > Sound > Recording tab, highlight your device and click Properties, then the
Advanced tab).

* You may find that W7 is setting your card up at the default 44.1, and everything else is resampled.
I see this with my Gigabyte onboard Realtek 889, W7 32-bit.
Tell W7 to use 48k and all will be well.

So, even though the audio hardware supported 48000 samples per second, and the application (Spectrum
Lab) requested 48000 samples per second from the "operating system", Windows 7 stupidly resampled
from 44100 to 48000 samples/second, causing signals above 22050 Hz to "fold back" at the Nyquist
frequency (= half sampling rate).

Most likely, the same also applies to higher sampling rates (96 or even 192 k, if the audio hardware
supports it).

5.2.14.2 2.14.2 Trouble with Windows 7 / missing 'Wave Out Mix' device

In the soundcard Mixer Control of Windows 7, input controls like "Master record" and "Wave Mix " seem
to be missing. It seems to be impossible to select "what you hear" for input.

If you also miss these important 'mixer controls' under Windows 7, here's where to find them (thanks
Chris for answering the question in the Spectrum Lab User's group !) :

> If the 'Wave Out Mix' is hidden and not made obvious at all, try this:

1. Select sound from the control panel.

2. Select the recording tab.
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3. Right click on the background of the tab and choose "show disabled devices."

4. Right click on Wave Out Mix and click enable.
5. Now it should work the same way as Wave Out Mix in Windows XP, allowing you to record any
sound your computer makes.

In other cases (reported in the Spectrum Lab Users group), input devices did not appear in Spectrum Lab's
list of audio input devices, as long as nothing was plugged into the 3.5mm audio jack !

Connecting a dummy plug into the PC's 'line input' made the device appear in the stupid list of audio
devices reported by windows.

5.2.14.3 2.14.3 Selecting higher sampling rates under Windows 7

On some machines (running Windows 7), it required some additional work to get the soundcard running
at the 'desired' sampling rate. It's a mystery why windows doesn't automatically switch the soundcard to
say 96 kHz when the application (here: Spectrum Lab) 'asks' for it; especially when no other program
uses the card. But there you are.. windows cannot be explained by logic.

Here's how the author got an onboard audio devive running at 96 kSamples/second, or even more. In this
case, a Lenovo X61s also supported 192 kSamples/second:

First, open the 'Sound' control panel, and switch to the 'Recording' tab ('Aufnahme' in German)...

x
.Wiedergabe Aufnahme |Sounds I Kommunikaﬁonl

Widhlen Sie ein Aufnahmegerat aus, um die Einstellungen zu dandern:

Mikrofon
SoundMAX Integrated Digital HD Audio
i Standardgerdt

Kon ren Als Standard | Eigenschaften |

0K I Abbrechen | Ulgernehmenl

(depending on window's mood, this screen can be opened through Spectrum Lab's
main menu : Options ... Volume Control for Record (audio in) ... at least in Windows 7)

On that tab, click on 'Properties' (not 'Configure') - in German, 'Eigenschaften’, nicht 'Konfigurieren' !).
This opens yet another dialog window, titled 'Eigenschaften von Mikrofon' / 'Properties of Microphone'
(7).

Switch to 'Erweitert' ('Extended'?) on that tab. If you're lucky, there is combo box which can be expanded
into a long list of different 'qualities', with different bit depths and sampling rates:
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"y Eigenschaften von Mikrofon x|

Allgemein I Abhdren I Benutzerdefiniert I
Pegel I Mikrofonerweiterungen Erweitert
 Standardformat

Wihlen Sie die Abtastrate und die Bittiefe aus, die im
gemeinsamen Modus verwendet werden soll.

2 Kanal, 16 Bit, 96000 Hz (Studioqualitit) 4

|2 Kanal, 16 Bit, 3000 Hz (Telefongualitat) |
— g2 Kanal, 16 Bit, 11025 Hz [Diktatqualitat) -
2 Kanal, 16 Bit, 16000 Hz (Tonbandgerdtqualitat)
2 Kanal, 16 Bit, 22050 Hz [MW-Radioqualitat)

2 Kanal, 16 Bit, 32000 Hz (UKW-Radioqualitat]

2 Kanal, 16 Bit, 44100 Hz [CD-Qualitat)

2 Kanal, 16 Bit, 48000 Hz [DVD-Qualitat)

2 Kanal, 16 Bit, 88200 Hz (Studiogualitat

16 Bit, 96000 Hz (Studiogualitt)
2 Kanal, 16 Bit, 176400 Hz (Studioqualitat)
2 Kanal, 16 Bit, 192000 Hz (Studioqualitat)
2 Kanal, 24 Bit, 44100 Hz (Studioqualitdt)
2 Kanal, 24 Bit, 43000 Hz (Studioqualitit)
2 Kanal, 24 Bit, 96000 Hz (Studioqualitt)
2 Kanal, 24 Bit, 192000 Hz [Studiogualitat]

Standards wiederherstellen |

0K I Abbrechen | Ulgernehmenl

Be sure to pick the same sampling rate as you did in Spectrum Lab's audio settings tab !

See also (related subjects; trouble with more recent Windows version):

Troubleshooting, known bugs and more
More "fun" with Windows 10 : USB audio devices are DISABLED and no longer displayed

Even more "fun" with Windows 10 : No more audio from the soundcard due to 'Privacy Settings'

back to top

5.3 3. FFT settings

The FFT settings are on one tab of the Configuration and Display Control dialog. It can be opened from
the menu "Options ... FFT Settings". The following parameters can be adjusted :

Decimate FFT Input (formerly: Sample Rate Divisor)

An internal "sample rate divisor". This parameter is used to decimate the samples before the FFT
calculation. If the audio processing rate is 8000, and (for example) the "Rate Divisor" is set to 4, the
'internal' sample rate for the FFT input is only (8000/4=) 2000 samples per second, reducing the
CPU power and increasing the FFT resolution.
Thus, the FFT's input decimation is actually a multiplier for the FFT input length. This is what other
authors later called 'Zoom FFT'.
BUT: The higher the decimation (divisor for the FFT's input sampling rate), the lower the maximum
frequency that can be detected with the FFT.
Note: The sample rate may have already been decimated at an earlier stage ! See 'Audio Settings'.
Together with the option 'complex input for the FFT with internal frequency shift' (under FET input
type), the center frequency can be set anywhere between 0 Hz and the half input sampling rate, or
(for I/Q input) between - 0.5 * £ sample to 0.5 * f sample.

FFT input size
The number of samples that are processed by a single FFT calculation. Must be a power of 2. This
parameter influences the frequency resolution in the FFT output.
Since program version V1.2, the FFT Size does no longer define the speed of the scrolling
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waterfall !

The higher you set the FFT size, the more frequency esolution you will get, but the longer it will

take to calculate an FFT. On slow PCs (<100MHz), you should leave the FFT input size below

16384 samples. If the CPU is too slow, the waterfall will scroll slower than it should !

A detailed discussion of FFT input size, decimation, sample rate and frequency resolution is here.
FFT window function

Selects the windowing function for the samples in the time domain. Each block of samples which

enters the FFT will be multiplied with this function, which usually has a shape of a raised sine

wave, with values near zero at the edges of the window, and one in the center. For most

applications, the Hann window (mistakingly called "Hanning") is often the best choice because it

has a good dynamic range (suppression of sidelobes) while maintaining a low equivalent noise

bandwidth. For details, search Wikipedia on "window function" (used to be on

en.wikipedia.org/wiki/Window_function). The window functions implemented in SL are:

Rectangle, Hamming, Hann, Gauss, Nuttall, and various Flat Top windows. They can also be set

through the interpreter.

Notes on the FFT windowing functions:

- The equivalent noise bandwidth for the currently selected FFT parameters is displayed in the info

box below the FFT settings.

- The formulas of the FFT windowing functions are contained in the SL installation archive, in the

file 'Goodies/fft windows.txt'. You can load that file with DL4YHF's "CalcEd" ("calculating

editor") to plot the windowing functions in a graphic window.

- for the experimental correlogram display, you may have to use the rectangular window .

Details about 'new' FFT windowing functions (added May 2014) are here.

FFT Input Type
"Real-number FFT": Preferred type for all broadband applications, where the displayed frequency
range shall start at "DC" (0 Hz). No frequency conversion inside the spectrum analyser.

"Complex input with internal frequency shift': For narrow-band applications, if only a small
frequency range (centered around any audio frequency) is of interest. This only works together with
a decimation factor of 4 or higher. Internally, the analysed signal is multiplied with a complex
oscillator signal (the "center frequency"). The complex signal (with "I"- and "Q"-branch) is then
decimated, and the decimated signal (with a low sampling rate) is fed into a complex FFT.
"Complex input with separate 1/Q channels': also a complex FFT, but no oscillator and complex
I/Q multiplier inside the frequency analyser. Instead, the I- and Q-branch is fed into the analyser via
two separate input channels. These two channels can be the LEFT and RIGHT input of a soundcard
running in stereo mode, or an external two-channel A/D converter. More information about 1/Q
processing with Spectrum Lab is here.

Include F.O. calibrator (Frequeny Offset Calibrator)

This is only possible if the FFT type is set to "complex input with frequency shift". With this option,
the frequency error (measured by the frequency offset detector) is subtracted from the complex
oscillator frequency as explained in the previous paragraph.

FFT output unit

Select the display unit for the FFT results (for spectrum graph and waterfall):

V (volts), W (power in watt), and several logarithmic scales (dB, dBuV, etc).

The linear scales (voltage or power) are sometimes better to detect very weak signals in the
waterfall display, expecially with high noise floor.

The logarithmic scales ("dB" with different reference levels) are more common if the input signal
has a high dynamic range.
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Absolute unites (like V, dBuV and a few others) only make sense after an amplitude 'calibration’ as
explained here.
Hint: You can compare signal amplitudes directly in decibels with the "readout cursor" in the
spectrum display. The cursor function also uses the "FFT output unit" for display, so this name is a
bit misleading.

FFT internal average
This parameter may be important if you try to 'dig' very weak signals out of the noise.
A value of 0 will give no averaging, a value of 3 will already reduce the random noise a bit, and will
make the spectrum look smoother, so weak coherent signals crawl out of the noise on the
spectrogram display. The higher the average value, the greater the smoothing effect, but if the value
is too high the spectrum (and spectrogram) will react too sluggish. See also: Overwiev of different

averaging- and smoothing options.

FFT smoothing (parameter: number of neighbour bins)
This option can help to detect very weak, but relatively "broad" signals. The smoothing parameter
are the number of "neighbour" bins in the FFT which are averaged to form the smoothed spectrum.
Internally, a Gaussian kernel is used. Unlike FFT averaging (which operates on consecutive FFTs),
the smoothing option affects the shape of a signal (for example, it turns a 'sharp peak' from a
coherent signal into a wider (Gaussian) 'hump'. But if the signal is already a hump with a certain
bandwidth anyway, this option can help to squeeze the last fraction of a decibel out, so a signal
becomes visible in the spectrum display. Try to match the smoothed bandwidth to your observed
signal to get the best result with this function .. it may require some trial-and-error. The FFT
Smoothing was revived in SpecLab for the EVE experiment.

FFT output type
Set to "Normal (amplitude only)" for a normal spectrogram without phase (or radio-direction)
information,
or to "Complex (real + imaginary part)" for special applications - for example phase analysis,
or to "Radio Direction Finder" for a radio-direction-finding spectrogram where the colour indicates
the azimuth angle.
Note 1 : Some FFT output types don't affect the waterfall display, but only the FET export (as file) !
Note 2 : The spectrum replay function (which transforms spectra back into audible signals) only
works if the FFT output is set to "complex", otherwise the phase information in the original signal
gets lost.
Note 3 : The triggered averaged spectrogram (with one average buffer for each of the spectrogram
lines) only works if the FFT output type is set to "Normal (amplitude only)".

back to top

5.3.1.1 New FFT windowing functions

Since May 2014, a few new 'flat top' windowing functions were added in Spectrum Lab, mainly out of
curiosity, and to find out if they made a difference with 'real-world radio signals'.
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Screenshot with a few 'classic' and 'new' FFT windowing functions.
'HFT248D' is one of the new functions ('Flattop with 248 dB sidelobe suppression').

The following windowing functions can be selected on the 'FFT settings' panel (besides the classic
Rectangle, Hann, Hamming, and Gauss window).

The new functions were implemented according to a publication by the Max-Planck-Institut fiir
Gravitationsphysik (Teilinstitut Hannover), written by G. Heinzel, A. Riidiger and R. Schilling:

Spectrum and spectral density estimation by the Discrete Fourier transform (DFT),
including a comprehensive list of window functions and some new flat-top windows.

The article was publicly available as PDF at http://edoc.mpg.de/395068.

If you really need such 'high dynamic range spectra' (at the expense of equivalent noise bandwidth),

read that article to decide which of the following windowing functions is best suited for your application !
Also consider that the normal compilations of Spectrum Lab use 32-bit floating point numbers (with 24-
bit mantissa), thus you won't see much difference between FFT windows with 196 dB or even more
suppression of the sidelobes (see screenshots further below).

Nuttall '4 B' :
Low frequency resolution but large dynamic range (sidelobes 93 dB below the main lobe),
NENBW (Normalized Equivalent Noise BandWidth) = 2.0212 frequency bins
(for comparison, Hann-window: NENBW = 1.5 bins, sidelobes 31.5 dB below the main lobe)

Flattop 'S F' : Fast decaying 5-term flat top window
Low frequency resolution but fast decay of sidelobes.
NENBW = 4.3412 bins
highest sidelobe at -57.3 dB, located +/- 5.31 bins from the peak

Flattop 'S5 M' : Minimum sidelobe 5-term flat top window
Low frequency resolution but good attenuation of sidelobes.
NENBW = 3.8852 bins
highest sidelobe at -89.9 dB, located +/- 5.12 bins from the peak

Flattop -95 dB : Flat top window with -95 dB sidelobes (by G. Heinzel: "HFT95", D.3.2)
NENBW = 3.8112 bins
highest sidelobe at -95.0 dB, located +/- 7.49 bins from the peak
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Flattop -144 dB : Flat top window with -144 dB sidelobes (by G. Heinzel: "HFT144D", D.3.5)
NENBW = 4.5386 bins
highest sidelobe at -144.1 dB, located +/- 7.07 bins from the peak

Flattop -196 dB : Flat top window with -196 dB sidelobes (by G. Heinzel: "HFT196D", D.3.6)
NENBW = 4.8347 bins
highest sidelobe at -169.6 dB, located +/- 10.41 bins from the peak.
Note: This sidelobe attenuation reaches the dynamic range of 32-bit 'single-precision' floating point
numbers.

Flattop -248 dB : Flat top window with -248 dB sidelobes (by G. Heinzel: "HFT248D", D.3.9)
NENBW = 5.6512 bins
highest sidelobe at -248.4 dB (theoretically!), +/- 13.37 bins from the peak.
Note: This exceeds the dynamic of 32-bit 'single-precision' floating point numbers (as used for the
FFT in Spectrum Lab),
so you will hardly see the sidelobes with this windowing function at all.
This windowing function was only implemented in SL to see if it 'makes a significant difference’'
compared with the 'Flattop -196 dB' window. Without using 64-bit 'double precision' floats for the
entire processing chain, it didn't. The screenshot of a 'pure sinewave' spectrum with this window,
shown below, was made with a special compilation of spectrum lab using 64-bit floating point
samples.

Examples: 40 kHz sinewave from SL's test signal generator, 96 kSamples per second, 512*1024 point
FFT, using different FFT windowing functions:

35370 Hz 32350 40000 40010 40020

Spectrum of a pure sinewave, Hann window.
Often a good compromise between frequency resolution and dynamic range,
but in this example, the dynamic range is not sufficient to reveal
the "purity' of the test signal (phase noise, etc).
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35370 Hz 39930 40000 40010 400z0 ‘
Spectrum of a pure sinewave, Flattop window with sidelobes at -144 dB.
Wider peak (due to the 'flat top' with NENBW = 4.5386 bins) but more dynamic range.
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35370 Hz 39930 40000 40010 400z0
Spectrum of a pure sinewave, Flattop window with sidelobes at -196 dB,
using single precision floating point numbers (32-bit, normal compilation).
The sidelobes are buried in rounding noise ('grass') at -195 dBfs.
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35370 Hz 32350 40000 40010 400z0 38000 Hz 25000 40000 41000 42000

Spectrum of a very pure synthetic sinewave, Flattop window with sidelobes at -248 dB,
using a special compilation of Spectrum Lab with double precision floating point numbers.
This dynamic range is hardly necessary for 'real world' signals from any A/D converter !

back to top

5.4 4. Spectrum Display Settings

These settings are part of the Setup Dialog which can be opened from SL's main menu via
"Options".."Spectrum Display Settings". Here just some parameters which need explanation. Parameters
with a (2) are located on the second part of the spectrum display settings (etc), because the space on the
first tab was not sufficient.

5.4.1 4.1 Spectrum Display Options, Part 1 (first tabsheet)

Vertical Frequency Axis
Affects the layout of the spectrum/spectrogram screen. The classic waterfall display scrolls from
TOP to BOTTOM, so the time axis is vertical and the frequency axis is horizontal. If the option
"Vertical Frequency Axis" is checked, the frequency axis will be rotated by 90 degrees and the
waterfall will scroll from RIGHT to LEFT (which is better for HELL modes and for visual decoding
of slow CW).
Logarithmic frequency scale (2)
With this checkmark set, the frequency scale for both waterfall and spectrum graph will be
logarithmically scaled (which is preferred by musicians). Otherwise the frequency scaling is linear.
Mirror for Lower Side Band (2)
Usually the lower frequency will be on the LEFT or LOWER side of the frequency axis. With this
option set ("checked"), the frequency axis will be mirrored so the lower frequency will be on the
RIGHT or UPPER side of the frequency axis (depending on the "Rotation" of the frequency axis).
Split frequency scale (2)
Allows to split the frequency scale for the waterfall and spectrum graph in two sections. The
frequency ranges of both settings can be defined independently. If the "split frequency axis" is
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enabled, you can divide the screen area with the mouse on the small 'gap' between both parts on the
frequency scale. When the mouse cursor is replaced with the splitter symbol, hold the left button
pressed and move the mouse.
This option can also be activated from a popup menu on the frequency scale (use the right mouse
button to open a popup menu, while the mouse cursor is on a certain screen element).

Amplitude grid
activates a grid (overlay) for the spectrum graph, usually in 10- or 20-dB steps (depends on display
unit and height of the graph area).

Double-width waterfall lines
is an option added for high-resolution screens. With this option, each new line of the spectrogram is
drawn twice on the screen. If you have a monitor with a vertical resolution of 1536 pixels, try this
option if you cannot see individual lines in the spectrogram. The option is also good for fast non-
scrolling spectrograms (waterfalls) without causing unnecessary CPU load (because it halves the
number of FFTs calculated per screen sweep).

One pixel per FFT bin
With this option enabled, the frequency scale will always be stretched so one screen pixel (along the
frequency scale) will represent exactly one FFT bin. The 'Max' frequency field on the control panel
on the left side of the main window will be disabled if this option is active (you can only enter both
'Min' and 'Max' frequency if the 'one pixel per bin' option is off). The benefit of this option is that
you always see the maximum frequency resolution for a given FFT size on the screen (but you may
have to pan the frequency scale around to see different frequency ranges).
Tip: There is an option to zoom into the spectrum with exactly 'one pixel per bin' in the popup menu

of the main frequency scale.

Optimum waterfall average
Is especially useful for slow waterfalls. With this option, as many FFT's as possible are calculated
and summed up before they go into one line of the waterfall. This greatly smoothes the noise for
'overnight recordings' or if you want to get a nice curve of your receiver's passband. The number of
FFTs added for one waterfall line can be examined in the Debugging Window ("Waterfall average
count"). It depends on the waterfall scroll interval and the time required to collect enough audio
samples for one FFT.

Multi-Strip Waterfall (with "number of pixels per strip")
Speciality for long-term observations. If this option is enabled, the spectrogram screen will be
divided into a number of vertically (or horizontally) stacked "strips" which will show the history of
a long time on a single screen - for the expense of the displayed frequency range, or frequency
resolution. The parameter "number of pixels per strip" defines the height of each strip, if the
frequency scale runs vertically, othewise its width.

Triggered Spectrum (should read "Triggered Spectrogram" but there wasn't enough space ! )
Only for "very special" applications. If this checkmark is not set, the spectrum runs 'free' (without
the need for a 'trigger', only controlled by the waterfall scroll interval). Otherwise, new spectra are
calculated only after a certain "trigger" event. More details are here.

Non-Scrolling Waterfall ("Radar-like" view)
.. may be more friendly to the eye for very fast spectrograms (short "scroll" intervals, which do not
really scroll in this mode).
An example for this option can be recalled from the "Quick Settings" menu: select "Natural
Radio"..."Sferics and Tweeks". It uses a 2-millisecond drawing interval - quite impossible to see any
details if the image scrolls 500 times a second !
In non-scrolling waterfall mode, the spectrogram can be triggered (i.e. start one sweep across the
display on a configurable trigger condition, then stop and wait for the next trigger event).

Peak Detecting Cursor
Sets the mode of the frequency/amplitude readout cursor. When you move the mouse across the
waterfall or the spectrum, the displayed frequency and amplitude is the PEAK value, and the
frequency resolution of the displayed value is much higher than the FFT bin width (thanks to an
interpolating algorithm which was suggested by DF6NM. Works best when FFT windowing is set
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to "Hanning". Readings with a milli-Hertz accuracy (not just resolution) can be taken after

calibrating the soundcard's sampling rate.

Peak-holding spectrum graph
If this option is set, the spectrum graph shows an additional curve with the peak value of the

previous N seconds. The number of seconds can be set between 0.5 and 60 . This function is good
for reading the amplitudes of "short tone bursts" or similar, or to display the result of a frequency
sweep. For this reason, the peak values can be cleared and "frozen" via interpreter command too.
The colour of the peak curve in the spectrum graph can be modified here.
Note: The actual peak detection is done more frequently than the display update ! Some "peaks"
may have such a short duration, that you won't recognize them in the momentary spectrum graph,
but only in this peak indicator.

Long-term average spectrum graph (over a range of spectra from the spectrogram screen)
If this option is set, the spectrum graph shows yet another curve : a 'long-term average graph'. This
option was added in 2007 for an "extreme" weak signal test (Venus radar), which required an extra
long integration. Details about the long-term average spectrum display are here (in another
document).
Right next to the checkmark to enable the long-term average display, there's a small button labelled
"clr". You can use this button to clear the average buffer (to start an all-new average calculation).
Just below the checkmark you can specifiy an optional half-life time. If non-zero, this interval
specifies the time after which the values in the long-term average buffer have decayed to 50 % (i.e.
half values). The decay is exponential; i.e. the values will never drop to zero (like a radioactive
decay).

Don't redraw waterfall after modifying settings
Disables automatic refresh of the waterfall after changing parameters that may affect the display,
e.g. contrast, brightness, displayed frequency range.
If the option (checkmark) is set, old parts of the waterfall remain unchanged, and only the new parts
are drawn with the current settings.

Emphasize MIN+MAX values
With this box checked, both min- and max values will be displayed in the spectrum graph. Actually,
the area between min- and max value which occurred within one

Show Spectrum as Bargraph
Normally, the spectrum graph is drawn as a thin curve. With this option, it is painted using solid
bars, which are better visible from a distance (looks a bit like a colourful level indicator of a graphic
equalizer, because the colours of the bars indicate the amplitude since they use the colour from the
waterfall palette).

Show... (selection combo)
This combo box defines whether the spectrum graph and/or the spectrogram (aka waterfall), or the
3D spectrum is visible in the main window. Futhermore (if the frequency axis shall be vertical) it
defines if the spectrum graph shall be on the left or on the right side of the screen (""show both / plot
on the right" means "show both spectrum graph and waterfall, with the graph on the right side").

Show Amplitude Bar
This 'amplitude bar' is the blue strip which runs along the spectrogram (optionally). The white line
inside it shows the (broadband-) amplitude present at the input of the spectrum analyser, measured
at the same time when the data for the FFT were calculated. The amplitude bar can be parametrized
on the second part of the 'Spectrum Display Setting' - see next chapter. The "..visible"-checkmark
only turns the bar on and off (if you don't need it).

Mathematics
Usually set to "none", if one or two independent channels shall be displayed in the spectrum
window. The other options only work if two input channels are connected to the main spectrum
analyser:
"CHI - CH2" = calculate spectra for both channels, subtract the 2nd from the 1st channel, and only
show the difference
"CH2 - CH1" = simular as above, but subtract the spectrum of channel 1 from the spectrum of
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channel 2.
An example can be found in the preconfigured setting "SpecDiff.ust", where CHI1 is the test signal
for a filter, CH2 is the filter output, and the display shows "CH2 - CH1". In that example, that's the
filter's frequency response, because the filter is fed with broadband noise from the test signal
generator.

Spectrum Graph Area (pixels)
Defines how large the spectrum graph area shall be, if both graph and spectrogram (waterfall) shall
be visible at the same time. The default value is 100 pixels.

Channels / Connections
This button takes you to the circuit window where you can select the input channels for the
spectrum analyser (which can be connected to different "taps" within the test circuit; not only to the
inputs from the soundcard).

Waterfall Scroll Interval
Defines how much time passes between two steps of the waterfall. If the option "Optimum
Waterfall Average" is not set, this parameter also defines the time between two FFT calculations. Be
careful not to make this value too low, unless you have a quite fast PC. Don't expect your SOMHz-
486 to do five FFT-calculations with 32768 input samples per second - this example requires a
266MHz-P2. A modern machine by today's standards does a lot more of course.
With the "automatic" option, the waterfall scroll interval will be automatically selected, depending
on the current FFT size, for a 50 percent overlap (which makes sense due to the FFT windowing).
Note 1: The spectrum replay function only works if the scroll interval is set to "automatic, for 50
percent overlap".
Note 2: For the reassigned spectrogram display, overlaps of 50, 75, or 87.5 % worked best.
Note 3: The "scroll interval" has no effect if the option "triggered spectrum" is enabled and set to
"trigger for ONE LINE of the spectrogram". This gives you the opportunity to control the waterfall
scroll interval through an external sync signal (it was used for a doppler radar experiment once).

Waterfall Time Grid
Produces an overlay in the spectrogram with periodic time markers. As long as the 'Source' field is
empty, the 'Interval' field usually defines the number of seconds (or minutes) between to time ticks.
"Style" defines how the time markers shall be drawn over the spectrogram (as dotted line, solid line,
or just a small "tick"). Each marker can optionally be labelled in a selectable format, or user-defined
formatted text. If the "Label" combo set to "User Defined", you can define the format string for the
time label in the field "user-defined time label format". Some examples for suitable format strings
are here . Since 2006-10, the user-defined label may even be a variable string expression (evaluated
by the interpreter before printing the label) like the following example (caution, for advanced users
and 'special applications' only) :
str("## dB",peak a(500,3000))
The str()-function used in this example does is explained here (it converts a numeric value into a
string). Some black magic lets the peak-function in this example use the spectrum "under" the time
marker to calculate the peak amplitude in the specified frequency range.
The 'Source' field inside the group "Waterfall Time Grid' can be used for special applications, where
the source for the time markers shall not be the time, but something else. For this purpose, any
numeric expression can be entered in this field. The result from this expression will tell where the
markers are placed (in combination with the 'Interval' field: Whenever the value calculated from the
'Source' expression, divided by 'Interval', truncated to an integer number, gives a new value, a new
marker will be painted on the waterfall. Too complicated ? Here's a simple example: With 'Source'
set to water.lines - 1 - water.line_nr, the timescale will not show a count of seconds, but the current
pixel position.
By default, the time markers painted near the waterfall time grid will show the current date and
time, or (while a file analysis is in progress) the time-of-recording. You can change this time in the
file analysis dialog.
Note: If a GPS receiver is connected, and SL's GPS / NMEA decoder properly configured, the
waterfall time labels may also show the current geographic location. Details on that in an extra
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document (option 'show position in spectrogram'). The position is appended to the time, in text
form.

The appearance (font, colours, transparency) for waterfall time labels and other text labels
("printed" into the spectrogram via command) can be controlled on the 3rd tab of the 'Display’
settings, as explained further below.

5.4.2 4.2 Spectrum Display Options, Part 2 (second tabsheet)

Amplitude Range and Spectrogram Options (tab 2)
Allows you to reduce the displayed amplitude range for the waterfall and spectrum graph. The

default settings cover a large dynamic range (like -120 dB to 0 dB). If, for example, you are only
interested in weak signals between -60 and -50 dB, adjust this range accordingly.
The 'Offset' can be used to modify the displayed decibel scale. It is not necessarily a fixed value, but
a numeric expression which will be periodically evaluated by SpecLab's interpreter. The gray field
right next to the input field shows the current value. This feature was used to take the automatic
gain of a "real" receiver into consideration when displaying "absolute" voltage readings in the
spectrum graph.
Note: Of course, you can adjust the waterfall colour palette with the 'contrast' and 'brightness'
sliders, so everything below -60 dB will be black for example, and everything above -50 dB will be
white; but reducing the displayed amplitude range here will also make the spectrum graph look
better.
Additional, the visual AGC function can be turned on for the spectrogram display. Details about the
visual AGC are here.

Amplitude Bar (2)
Shows the total amplitude in a coloured bar, running alongside the spectrogram display. In contrast
to the spectrogram, the amplitude bar doesn't depend on frequencies. The size and display range of
the amplitude bar can be defined independently in its control panel (regardless of the "Displayed
Amplitude Range" for the spectrum / spectrogram). The following controls can be found in the
group "Amplitude Bar", which is on the second part of the spectrum display configuration screen:
- visible : turns the amplitude bar on/off
- with scale: means a scale (in percent) shall be visible near the amplitude bar, covering a part of the
frequency scale
- size: displays the width or height of the amplitude bar in pixels (whether this is "width" or
"height" depends on the screen layout / rotation )
- show channels from watch window: defines which of the channels of the watch window shall also
be plotted into the amplitude bar. These are decimal channel numbers, separated by comma. For
example: 1,2,3 means "plot the plotter-channels number one, two, and three also into the amplitude
bar".
- display range: Defines the amplitude scaling for the amplitude bars (the "seismogram"), in
percents of the maximum analog/digital converter's input.
100 % means the display range of the amplitude bar covers the full ADC swing (the point of
clipping, which should be avoided). 10 % display range is more suited for most applications. Note:
The additional channels which can be plotted into the amplitude bar are not affected by this
parameter. They are entirely controlled by the "min" and "max" values entered in the watch-
window.

Options for the frequency axis (2)
Contains the following checkboxes, which were once on the first tabsheet (before running out of
space there). This group contains the following options, which should speak for themselves:
* show grid in spectrum graph
» show grid in waterfall display
* use dotted grid in waterfall (note, this applies to the FREQUENCY scale only)
* split frequency scale
* logarithmic frequency scale
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* mirror for lower side band

* Radio Frequency Offset: Added to the displayed frequencies, usable for external (fixed)
frequency converters, in addition to the 'VFO frequency' (the latter being controlled by
Spectrum Lab, for software defined radios and similar).

4.3 Spectrum Display Options, Part 3 (third tabsheet)

Options for Triggered Spectrogram (3)

Triggered Spectrum / Triggered Spectrogram
If the option "Triggered Spectrum' is set, the universal trigger function can be used to trigger
the acquisition of data for the next FFT (=a single waterfall line) or a complete spectrogram
sweep (= a complete waterfall screen). With this option, you can -for example- realize an
external trigger if you connect the trigger to one channel of the soundcard, and the spectrum
analyser itself to another channel. See example in the next paragraph.
Note: The triggered spectrogram only makes sense in 'Non-Scrolling' Waterfall mode. One
trigger starts a full sweep across the spectrogram. When the spectrogram is complete, the
spectrogram is paused, and the program waits for the next trigger. This mode is often used
along with the average function explained in the next paragraph.

Triggered Spectrogram Average
Only works if :

* FFT output type is set to 'Normal (Amplitude Only)', i.e. not complex.

* together with the 'non-scrolling waterfall option'

The triggered spectrogram, together with this special 'Average' option, it can be used to dig
weak but periodic signals ("pings") out of the noise, as explained in this example. In that
mode, there are individual average buffers for every spectrogram line. The "Reset" button on
this panel can be used to erase those average buffers to start an all-new reception cycle. The
field labelled 'Averages (one per line)' defines how many spectrogram sweeps shall be
accumulated.

An overview of the various AVERAGING modes is here .

Fonts
Select font names and -sizes for the frequency scale, waterfall (text labels), spectrum graph (axises
and radio station display) here.

Fonts

Freq.scale Courier New, 8 pt

Waterfall Arial 1'4 .

Display Colours / Pens
Select colours for the spectrum display (background), plotter pens, radio station frequency markers,
frequency scale, etc here.
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Note:

Display Colours / Pens

Spectrum graph background

Pen 1| [PERZ |PEN3 |Pen 5

Pene [BBRM Pen@| width: [p pixel

Radio Station Frequency Markers
Freguency scale background

Frequency scale foreground

Waterfall grid

[ T pe—

W Label Text |7 transparent

TR [ tansoaren

For a few items (text displays), you can also chose transparent or opaque display here.
See also : Display Colour- and Font Settings (in a later chapter).

Some of the settings explained above apply to the currently selected channel of a spectrum analyser,

but most of them are common of all channels. To toggle the channel number, click the button
labelled

"Shown: Settings for Analyser 1, channel 1" or "Shown: Settings for Analyser 1, channel 2" ... etc

Every click on this button toggles the channel number.

back to top

5.5

5. Spectrum Buffer Settings

To scroll the waterfall (spectrogram) back in time, a large buffer can be used, which stores a lot of
calculated spectra (more or less, the results of the FFT calculations). The contents of this buffer can be
browsed with the 'buffer overview' in the control bar on the bottom of the main window.

This buffer is in RAM, but can -optionally- also be a large disk file. Which is best for you, depends on
your application. If you don't need to scroll back in time, only use a small RAM buffer (which is required
for repainting the spectrogram, after changing the contrast/brightness values, zooming into certain
frequency ranges, etc).

The following 'Spectrum Buffer Settings' can be modified on the configuration screen:

Buffered lines in RAM

This edit field is used to define the maximum count of spectrum lines buffered in the PC's main
memory. The spectrum buffer is required to be able to "scroll back in time" while recording new
spectrum samples.

If you experience periodic hard disk accesses after every FFT (or waterfall step), you should reduce

this value because your PC runs out of "real" RAM and starts swapping memory from RAM to disk.
A value of 200 is ok for all PCs even with only 16MB RAM (if not too many other programs are running).

On machines with 128MB RAM and more, use 400 lines.

If you have 256 MB RAM or more, use 800 lines so the full screen can be repainted after zooming or modifying the
waterfall colours.

This parameter will be effective only after exiting and restarting the program because the buffer is

allocated only once during program initialization.

Use file buffer
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A file can be used as an extra large display buffer. Also enter the name of the disk file here, so you
can have different buffers for different applications. Switching from one file name to another
sometimes requires exiting and restarting the program.

Max. FFT bins in file
To make more efficient use of the buffer file, you can define how many FFT bins (frequency
samples) shall be written into the file. If, for example, the spectrum analyzer uses an FFT size of
65536 points, but you are only interested in a small portion of the spectrum (say a quarter of the
bandwidth covered by the soundcard), enter "16384" here, or even less:
In an other "extreme" case, you may only want to observe 19.5 to 22.5 kHz while your soundcard
runs at 96 kHz (so the FFT covers 0..48 kHz). To save space in the buffer file, you only record
(22.5-19.5)kHz / 48kHz = 6.25% of the total bandwidth. From a 65536-point FFT, you only need
65536 * 0.0625 = 4096 bins. This is the value to be entered in the field "Max FFT bins in file".
(Why so complicated ? All entries in the file buffers have the same size for simplicity, and the
buffer does not change its file structure automatically when you select another FFT resolution).
The "center" of the frequency range which will be written into the spectrum file buffer will be taken
from the "center frequency" of the main spectrogram. If you zoom out of the narrow frequency
display, parts of the waterfall which are no longer present in the RAM buffer will remain black if
they are not contained in the buffer file.
If the currently used FFT size greater than the count of bins in a buffer file entry, a warning message
will be displayed in the setup screen, like this:

WARNING: The FFT size (65536 bins) exceeds the currently used buffer (4096 bins).

Having read the explanations above, you can decide to accept recording only a part of the input
spectrum in the buffer, or to change the buffer settings (set the number of bins in the buffer to the
same value as currently used under FFT settings. But, to make the changes effective, the old buffer
file must be discarded, and a new one (with different structure) must be written.

Max buffer file size
Limits the size of the spectrum buffer file (if such a file is used at all). Helps to reduce the risk of
running out of harddisk space, which will cause problems under windows. For most applications, a
buffer size of 200...2000 MByte is sufficient, and most modern HD's have many gigabytes more
than this.

See also:

* Spectrogram display ("waterfall")

» FFT Settings

* Spectrum buffer overview
* Spectrum replay function (transforms data from the spectrum buffer back into audible signals)

back to top

5.6 6. Display Colour- and Font Settings

These settings are part of the Setup Dialog, now on the 3rd part of the "Spectrum" display settings.
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SpecLab Configuration and Display Control — O

TRX Control ] Memory ilenames ] Audio Files ] Markers ] System ] Freg-Resp ]
spectrum (1) | @ | ] - | RadioDF | FFT | AudioVO | ADIDA Server |
Options for Triggered Spectrogram Display Colours / Pens

Spectrum graph background

|_ triggered spectrum
controls : |u:|ne LINE in spectrogram - Fen 1) SN NSNS -

Pene [BEEE Peng width |u_pixel

The trigger input can be configured in the
circuit window (set source, level, threshold, )

Radio Station Frequency Markers

’ Frequency scale background
Averages (one per ling) : |0 Reszet
— P ! ﬂ Freguency scale foreground
Fonts [ AmpRude barbackground
Freq.scale Arial, 8 pt Waterfall background

Waterfall grid

MEETE] Arial: 10 Dt Spectrum graph grid |_ transparent
W. Label Text |7 transparent
SO pen Sans, 14 DRI [t

=== more display seftings on previcus tab

Shown: Settings for Analyser 1, channel 1 (L}|

o Apply | B close | ‘? Help |

Display Settings, 3rd tab: Colours,
Fonts, and a few other options

Colours:
Used to customize some colours used for grids, graphs, scales, text labels, etc. (this does not include
the color palette for the waterfall)

Spectrum graph background, Spectrum graph grid, Pensl ... 4 :
Click on one of these panels to modify the color used to display these parts of the "spectrum graph".

Pen 1 is used to draw the current or averaged spectrum,
Pen 2 for a temporary (instantaneous) spectrum which will be added to the average spectrum (if
averaging is ON),
Pen 3 is used for the peak hold indicator (if enabled),
Pen 4 is used for the FFT-based filter's frequency response (and other optional elements like the
spectrum alert function) .
Note: The pen colour for the reference spectrum curve is defined on the "Reference Spectrum /
Frequency Response" tab of the configuration window.

Frequency scale background, Frequency scale foreground:
Set the colours of the frequency scale between spectrum graph and waterfall (which was black on
orange in earlier versions).

Waterfall grid, Waterfall Label Text, transparent waterfall label:
Color for the waterfall grid, text on scales and transparancy of the text. Some users prefer
transparent text, others opaque. If the checkmark for "transparent” is off, the text will be opaque (it
appears in a solid rectangular box with the waterfall grid color). The text itself always appears in the
"Label Text" color. Do not use the same colours for "Waterfall grid" and "Label Text" if the text is
not transparent !
The waterfall frequency grid can either be a solid or dotted line; individual frequency grid lines can
be added or suppressed with the user-defineable frequency markers.
The waterfall's "Label Text" settings (font name, font size, font colour, and background colour) are
also used as default for the spectrum.print command, unless specified in the command's argument
list.

Fonts
Click on one of these panels to select a different font, or font settings, for different parts of the
spectrum display window:
Spec.graph : Font used for the amplitude grid labels (e.g. "dB" values, when enabled)
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Freq.scale : Font used for the labels on the main frequency display

Waterfall : Font used for time labels, scrolling along with the waterfall (aka spectrogram)

For some of the above fonts, you can also use different font styles like bold, italic, underlined.
Note: Certain fonts cannot be rotated by 90° for the display, so pick a suitable one !

back to top

5.7 7. Frequency Marker Settings

Up to twenty(?) frequency markers can be displayed on the frequency scale (for waterfall and spectrum
graph). A table like this is used to "connect" the marker either to a fixed frequency or to any "frequency-
dependent" parameter:

SpeclLab Configuration and Display Control

spectrum () | .20 | @ | o4 | RediooF | FFT | auwdiolo | ADDA Server |
TR¥ Coritrol l Memory l Filenarmes ] Wyave Files Markerz l System l Freg-Resp l

Iaime |Va|ue |Type,CoIor ‘RF ‘Se‘f procedure (x= new position in Hz)|Read function #

WO G544 610 0x0000FF 0 | 0 AR SEr il AR filter[O].fft fa+fi

Fero Beat -5.3895 5, 0x00FFO0 |0 fitter[0] £ fo=fiter[0] £ fo+fiter[0] £1.1 fiter[0] fit.f2

AudioBvy 6945105 0:xFFO000 |0 filter[0].fit beww=2% x-filter (0] Fft.fe-fiter[{ fitter[0].fit.fz-+1i

Marker types: s=on frequency scale, w=waterfall arid line, d=dizahle waterfall line
[ hide all markers [ zhow in screenshot

[ o 122518577 He ? el

Showen: Settings for Analyser 1, channel 1 [LJ|

o Apply | B cioze ‘ ? Heln ‘

(screenshot "Markers" in the Configuration and Display Control window)

A name must be supplied for every marker which shall be visible on the frequency axis or in the waterfall
diagram. Lines in the marker definition table are treated as 'unused entries'. A every frequency marker's
name will be displayed as a "hint" when the user moves the mouse across the marker on the frequency
scale.

The value column shows the current position of the marker (frequency in Hz, with or without "RF" offset
- see below). For all markers, this will be the last position to which the 'operator' dragged the marker via
mouse... unless one of the functions presented below doesn't prevent that.

The #ype of a marker defines how it shall appear on the screen. It is defined as a combination of letters
which will be explained in the following section in detail. The #ype is optional. By default, a marker only
appears as a diamond-shaped icon on the main frequency axis.

The color of a marker can be modified by clicking on the panel in the lower left corner of the dialog
window. Additionally, this column in the definition table may include a combination of the "flags" shown
just below the table.

The marker's RF-flag defines if this marker displays a RADIO-FREQUENCY (RF=1) or a BASEBAND-
FREQUENCY (or "AUDIO-FREQUENCY"; RF=0). A radio frequency includes the current VFO-
frequency, which is added to the baseband frequency for the display. Details about BASEBAND- and
RADIO frequencies are here.

The set procedure is an interpreter command which will be executed whenever the user tries to move the
position of the marker with the left mouse button held down. The new frequency value is passed to this
command on the local variable "x". If you use this feature, you can use the frequency marker like a slider.
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The read function is a numeric expression (see examples) which is periodically evaluated (every 500ms
or so). This is done because a frequency marker can be connected to something which changes its value
by itself, for example the AFC center frequency of the digimode decoder during receive. If the result of
the read function changes, the marker will automatically move along the frequency scale. If no read-
function is specified for a marker, its position is freely movable with the mouse, and it's frequency
("value") will be saved between two SpecLab sessions. Thus, a marker can be used like a "variable" to
store a single frequency value. To markers can be used to store a frequency range, etc.

Some examples for the use of frequency markers as sliders (to control a few of Spectrum Lab's
components):

Set Procecure Read Function Remarks

senerator[0].freq=x  generator[0].freq display and modify the frequency of the first sine wave

generator
circuit.osc.freq=x- circuit.osc.freq+650. Used for the VFO in the VLF software radio with 650 Hz
650.0 0 "audio IF"
filter[0].fft fo=x filter[0].fft.fc reads or modifies the center frequency ("fc") of the FFT-
based filter.
reads or modifies the frequency shift ("fs") of the FFT-
filter[0].fft.fs=x filter[0].fft.fs based filter.

Often used as a software "beat frequency oscillator" in
software-defined radios.

Since 2009-06, frequency markers can also be used -a bit easier- without having to define a special "set"-
and "get"-function. If a frequency marker does *NOT* have a special 'read function' (as explained above),
it can still be moved on the main frequency scale with the mouse, and the current value (frequency) of a
frequency marker can be polled from the interpreter using one of the functions listed further below.

An overview of Spectrum Lab's interpreter functions is here.

An alternative to frequency markers (but no interactive control elements) is the 'Radio Station' frequency
list, which you can use to 'mark frequencies' as well. Those frequencies don't have to be 'Radio Stations';
in fact they may be musical notes, or anything that shall be marked on the frequency scale or in the
spectrum.

5.7.1 Functions (and -commands) to access frequency markers through the
interpreter

Frequency markers are numbered from N=1 to 10, like in the 'frequency marker definition' table shown
above. The frequency, and possibly some other properties of a frequency marker, can be accessed through
the interpreter using the following commands (or functions):

fmarker[N].freqg
returns (or sets) the current frequency of a marker. Unit is Hz.

fmarker [N] .name
returns (or sets) the name of the N-th marker. A marker's name is shown as a 'hint' when pointing on
it with the mouse, in the main frequency scale. The name may be a string, up to 20 characters long.

Examples:

"f="+str(fmarker[1].freq)+" Hz, a="+str("##",peak a(fmarker[1].freq-50,fmarker[1].freq+50))+" dB"
(used in any of the programmable buttons, "variable expression" field)
Displays the frequency of that marker (in Hz), and the peak amplitude in a frequency range "near"
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that marker.

back to top

5.7.2 Frequency marker types

The type of a frequency marker defines how and where a frequency marker appears on the frequency
scale and/or on the waterfall. The following marker types can be used, also as combinations of these
lower case letters:

s (frequency marker type 'scale')
Marker appears on the main frequency scale.
Without this flag ('s'), a marker does not appear on the main frequency scale.

w (frequency marker type 'waterfall grid line')
A thin grid line at the marker's programmed frequency appears in the waterfall, using the marker's
color which can be defined on the 'marker settings' tab. This makes it possible to have additional
lines in the waterfall's frequency grid. You can use to mark odd frequencies like 15.625kHz in the
waterfall which would usually not appear on the automatically generated grid (which can be
enabled and disabled on the 'display settings' tab).
If the 'frequency grid' option isn't set for the waterfall display, even a marker with the 'w' flag
won't appear there.

d (frequency marker type 'disable frequency grid line')
Suppresses one of the frequency grid lines on the waterfall. For example, there may be a frequency
scale from 10..20kHz with visible grid lines on the waterfall spaced 1kHz. You have an interesting
signal at 16 kHz (let's call it GBR) and don't want to have this particular frequency covered by a
frequency grid line. Define a marker named "GBR" with the type "d" or even "sd" (so you can see it
on the frequency scale). From now on, the 16kHz-line is ommitted (excluded) in the frequency grid.

5.7.3 Radio- vs Baseband frequencies

As noted in the frequency marker settings, a marker can be programmed to use either the baseband- or the
radio-frequency.

* Aradio frequency includes the VFO frequency (= "the frequency to which the external radio, or
downconverter, is tuned to").
* A baseband frequency does not include that frequency offset.

For example, let's assume Spectrum Lab is connected to a software-defined receiver (SDR), which is
tuned to a center frequency of 7.03 MHz ( = "VFO frequency" displayed on the SDR control panel). The
quadrature IF (intermediate frequency) output is sampled 44100 times per second (f_sample=44.1 kHz).
This means, the I/Q stream covers a baseband frequency range of -f sample/2 to +f sample =-22050 Hz
to +22100 Hz.

An audio tone appearing in the baseband at 1000 Hz corresponds to a radio frequency of 7.031 MHz .

Markers displaying RADIO frequencies should be used ...

* to tune the radio (VFO control)
* to show the frequency of radio stations in the frequency scale

Markers displaying BASEBAND frequencies are better suited ...

* to adjust the "audio filter" (bandwidth and center frequency; or lower and upper cutoff frequency)
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to indicate certain frequencies which are *not* related to the VFO tuning frequency, for example
the receiver's audio passband, FM stereo pilot tones, etc.

to control the test signal generator in Spectrum Lab (because the test signal generator produces
baseband signals, not radio frequencies)

back to top

5.8 9. Audio File Settings (formerly 'Wave File Settings')

The wave file setting dialog can be opened through the main menu; select Options ... Audio file settings
(formerly Wave file settings).

% SpecLab Configuration and Display Control EE}B‘

spectrum () | .2 | .em | o | Redioof | FFT | Audiono | ADDA Server |
TR¥ Control ] temory l Filerames Audio Files l Markers ] System l Freq-Resp l
Save Options

Triggered Audio Recorder
Sample format

|_ Enabled |_ use universal trigger

T Lise Ry A0 b integer (& save input

(" saveoutput  FRE-THigger 100 sec
v alow extrafoy i iy oer
[ dont save {32 pi floating point File: inclez: (45 Post-Trigger (100 380
¥
|_ Savg extra data in agmhary Tiles [*.aux) Mode: |Crea‘fe & sequence of fles -
|7 decimate saved audio samples...
to roughly [100 sl feeEent Mame: | b WIf ¥ Y YMMDD_hhmms 1y
Staus: Mot kled.
(possible: f512, f563 . £5/243) AuE: ot enavie
|7 use frequency conversion + 103 output SRkl | i | ? = |
f center = 33700 Hz Replay COptions
play audio file in endless loop
- [ play audio file in endiess |
1400 [v stop analyzer when audio file ends
If file alreacy exists, . |_ try reconnect when stream breaks down
(& overwrite old data (with & new empty file) IV interpalate or decimate sample rate
(" re-open old file and sppend nevy data Analysiz speed wio DEP | Medium -

Showen: Settings for Analyser 1, channel 1 (Lj|

\/ Apply | E Cloze ‘ ? Help ‘

Save Options : Options to save incoming or outgoing audio as a file (*.wav or *.0gg).
'Use RAW file instead of WAVE-format'

The default format (which should be sufficient for most applications) is WAVE audio - not 'raw'
audio. When starting to save audio via the file menu (File..Audio Files and Streams..Save XYZ as
audio file), the file type can actually be selected through the file selector dialog).

'Allow extra chunks in headers'
This option should be set for accurate post-processing

- it uses additional 'chunks' in the RIFF wave header, for example a precise timestamp for the first
sample in the file, and possibly some other specialities. Well-behaving programs will not have any
difficulty to skip these non-standard chunks... otherwise, turn off this option, but then you will not
have accurate timestamps, GPS data, or other parameters available for post-processing.

'Don't save until timestamps are valid'

If this option is checked, the audio-saving process won't start until accurate timestamps are
available (from a GPS receiver or similar). This is important only for very special applications, for
example when recordings from different sites are to be aligned / combined by the timestamps (in the

sampled data). This option prevents recording 'useless' data, for example if audio samples are
available, but the GPS receiver has not locked in yet.
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'Save extra data in auxiliary files'
Saves some 'extra' data (timestamps, GPS data, etc) in an extra file. Only necessary when the post-
processing software is unable to process wave-files which contain additonal information (besides
the sampled data).

'Decimate saved audio samples to NNNN samples/second'
Helps to reduce the size of logged audio files, if the logged bandwidth doesn't need to be as large as
the bandwidth covered by the audio input device. But since the support for Ogg/Vorbis, you'd better
use this file format to reduce the disk space usage (because Ogg/Vorbis is a compressing audio
format, which the normal 'wave audio' format is not).

16 or 24 bits per sample
Only applies to wave files, but not for Ogg/Vorbis.

More about using wave files for logging and analysis can be found here . If you wonder about 'auxiliary’
files (*.aux) being written along with wave files (*.wav), read this note about GPS data logging (to turn
off AUX files, the GPS-'emission'-interval must be set to zero).

back to top

5.9 10. Amplitude Calibration

To realize absolute voltage readings, level readings in dBuV, etc, the program needs to know the relation
between input voltage and A/D converter value. For example, a 16-bit analog-to-digital converter may
reach the maximum positive output value of 32767 at an input voltage of 200 mV. This value (input
voltage for the maximum ADC value) can be entered in the setup window (from the main menu:

Options ... System Settings .. Amplitude Calibration . It doesn't matter what hardware is actually used - it
may be a soundcard, an external A/D converter on the serial port, a software defined radio (like SDR-1Q
or Perseus).

The value entered in the field labelled max ADC input voltage is the single peak voltage ("Vpk" - not the
peak-to-peak voltage) fed into the soundcard, SDR, or whatever. You can measure the single peak voltage
with an oscilloscope if you have. The typical procedure to determine this value is as follows:

* Connect a signal generator set to sine wave output, with adjustable amplitude to the analog input
of the soundcard / SDR / etc. Turn the output voltage low initially to avoid damage to the
receiver !

* Open the "input monitor scope" in Spectrum Lab, and set the vertical magnification to 1 (which is
the default)

* Slowly increase the signal generator's output amplitude, until the sine wave in the input monitor
reaches the clipping point (i.e. touches the upper and lower edge of th scope display).

mag %{ Himag ’1_ .

* Measure the peak voltage of the signal generator (with a real oscilloscope).

* Enter that value in the input field mentioned above ("max ADC input voltage").
Note You can use the 'technical' notation like 20m (m=milli) instead of 0.02 in this field. After
clicking "Apply", SL will convert the entered value into the default format.
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Typical values for software defined radios (giving values for soundcards is pretty useless here, because
those figures will always depend on the ever-changing soundcard settings):

* SDR-IQ near 1 MHz, bw=50 kHz, RF gain +10 dB, IF gain +24 dB : Vin_peak max =22 mV (*)
* SDR-IQ near 1 MHz, bw=50 kHz, RF gain +0 dB, IF gain +24 dB : Vin_peak max =58 mV (?)

* SDR-IQ near 1 MHz, bw=50 kHz, RF gain -10 dB, IF gain +24 dB : Vin_peak max =172 mV
* SDR-IQ near 1 MHz, bw=50 kHz, RF gain -10 dB, IF gain +18 dB : Vin peak max =346 mV

(*) Peak values measured with a TDS 210 oscilloscope with 1:1 probe, using the scopes "Pk-Pk"
measurement, divided by two.

(?) - Check this: 20 * log10( 58 /22 )=8.4dB; 20 * logl0( 172 /58 ) =9.4 dB . Either the author's
measurements, or the preamp gain is inaccurate...

See also: Spectrum reference, Audio settings ; back to top .

5.10 11. Settings and Configuration Files

All parameters are (by default) saved in an old-fashioned INI-file named "SETTINGS.INI" which will be
created in the current directory of the spectrum analyzer. These files can -if necessary- be loaded with a
text editor (a nice way to copy a group of parameters from one file to another if you know what you're
doing). Since SL doesn't use the registry to store session data, there's no need to put your system at risk by
butchering around with the windows 'Registry Editor'. To restore the default settings, simply delete the
file SETTINGS.INI. In really tough cases, also delete the file MCONFIG.INI in the Spectrum Lab folder
(that's where the machine-specific configuration, for example the name of the soundcards used by
Spectrum Lab for in- and output, are stored). Those filenames (and directory paths) can be examined or
modified on the Filenames tab in the configuration window.

To run multiple instances of the program at the same time, you can either provide the name of the settings
file in the command line, or let Spectrum Lab use the default names ("SETTINGS.INI",
"SETTING2.INTI", "SETTING3.INI", etc; as explained here in detail). Each instance will store its
configration in a different file this way, so there is no need to install SL into different folders just for the
sake of running multiple instances with different configurations.

To make changes in the "Setup"-window effective, click the "Apply!"-button. Clicking the "Close"-button
without "Apply" will close this control window without using the new settings.

After making changes to the settings, you can define them as a new entry in the "Quick Settings" menu.
See user defined menus for details.

See also:

Program Start with Command Line Arguments,
Creating shortcuts for different configurations,

Main index,

Sample applications (configurations).
back to top

Last modified : 2020-11-06

Benétigen Sie eine deutsche Ubersetzung ? Vielleicht hilft dieser Ubersetzer - auch wenn das Resultat
z.T. recht "drollig" ausfillt !
Avez-vous besoin d'une traduction en francais ? Peut-&tre que ce traducteur vous aidera !

Spectrum Lab Manual V 2.96 97 /294


http://translate.google.com/translate?js=n&sl=en&tl=fr&u=http://www.qsl.net/dl4yhf/speclab/settings.htm
http://translate.google.com/translate?js=n&sl=en&tl=de&u=http://www.qsl.net/dl4yhf/speclab/settings.htm
../html/index.htm#applications
../html/index.htm
../html/startins.htm#shortcuts
../html/startins.htm#progstart
../html/usermenu.htm
../html/startins.htm#multi_cfg_files
../html/
../html/startins.htm#multiple_instances
../html/refcurve.htm

» Settings:

* Audio

* FFT

* Display

* Spectrum Buffers
* Colours

* Markers

* Audio Files

o W
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* Contents
* Controls
* Displays
* Settings

e Filters

6 Radio Station Frequency List

For special purposes (like broadcast listening, hunting for "DX" utility stations), the main frequency scale
may show the frequencies of 'points of interest'.

A

f f | S . :
™ | et fos b fihdpd M-, s -\Hu afe -‘”I," ""—"‘-1"‘,-‘1‘.")#' '-lLJL L'I '-’r.l.',-'-.-u-\-.. _.~,-1.J-‘l‘1.w- ‘|l..\'-Iula,.,-._.-ngr.l"-J|r' o "‘fw " ,‘In. I 1" hﬂﬁ '1|l|| r-'ﬂ.tr ﬂiql'."'-

LZ000 Hz

(VLF spectrum/spectrogram w1th 'Radlo Statlon d1sp1ay)

The frequency list can be loaded from a textfile; the format (and where to find suitable databases) is
described in frequencies/readme freqglist.txt .

6.1.1 Loading and displaying a frequency list

Besides the EU NDB list (by courtesy of Sean, G4UCJ), there is only a small 'default’ list contained in the
Spectrum Lab installation archive. To use a different list (for example the EiBi shortwave broadcaster
list), enter SpecLab's main menu and select Options ... System Settings ... Filenames and Directories ...
Radio Station List .

Doubleclick into the edit field to open a fileselector. Then select the file type (SL can load frequency lists
from textfiles or semicolon-separated "csv" files). Multiple files can be selected for loading by holding
the CTRL key down in the file selector box. If multiple files were selected, their names will be separated
by commas in the edit field on SL's Filenames tab:
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Filenames

[v uze relative path if possible, base: cchprofiSpeclab

Machine Config : |HCDI\IFIG. INT

User Config : |SET‘I‘II\IGS . INI

Spectrum Ref: |spectrum. ref

Capture Image : |screenshn ta\capt

Command file: |c0mmand_files\testcmd. tHt

Audio Recorder: |Recorde diudio_nmnm. AV [ template

Fadio Station List: |frequencies\Eu_I\]'DB_list. tt, Lrequencies’default. t:-ctl

Input stream log |logfiles\ stream log in.ogg [ active
Cutput stream log |logfiles\ stream log out.ogg [ active
o/l Stream Cnnfig|configurations\ output stream config. tkt [ active

(screenshot of the 'Filenames' tab)

The colour of the radio station display (for the spectrum graph and the main frequency scale) can be
modified through the main menu, too: Select Options ... Display Colors and Fonts ... Radio Station
Frequency Markers .

See also: Spectrum Lab's main index , programmable frequency markers , spectrum displays , main
frequency scale , VLF receiver , README from the 'frequency list' folder .

Last modified : 2020-10-23

Benétigen Sie eine deutsche Ubersetzung ? Vielleicht hilft dieser Ubersetzer - auch wenn das Resultat
z.T. recht "drollig" ausfallt !
Avez-vous besoin d'une traduction en francais ? Peut-&tre que ce traducteur vous aidera !

¢ Main:Contents

* Displays:
¢ Spectrum Graph

* Spectrogram

¢ Frequency Scale
¢ Frequency List
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* Contents
* Controls
* Displays
» Settings

e Filters
e W

7 Spectrum Lab Circuit Components

Spectrum Lab is more than a simple audio spectrum analyser. It can be used for other purposes like
filtering, decoding, receiving & demodulating VLF signals with the soundcard (or other audio input
devices). The following components can be activated or controlled in the Component Window:

* Audio input and output (usually the soundcard, but other sources/destinations are possible too)

* Input Preprocessor : Can be used to reduce the CPU load by decimating the input sampling rate,
etc .

» Signal generator
* Oscillator and Multiplier (local oscillator + "Mixer" for frequency conversion)

* Programmable audio filter
* OQutput- and cross-coupling amplifiers

e Spectrum analyser

* Monitors (small oscilloscopes)
* Time Domain Scope (larger oscilloscope, explained in a separate document)

» Universal Trigger Block (for triggered data acquisition)

* Counter / Timer (pulse- or event counter, operating in the time domain)

» Black Boxes (special DSP functions: Adder/multiplier for two channels, IIR bandpass filter,
noise blanker, hard limiter, delay line, hum filter, chirp filter, modulators+demodulators,
automatic gain control)

* Sampling Rate- and Frequency Calibrator
* Interpreter commands for some components of the circuitry

See also: Spectrum Lab's main index, 'A to Z', sample applications .

7.1 Component Window

This window shows an overview of the main function blocks in a "circuit-like" style. It can be opened
from SL's main window (View/Windows...Components).
Note: There may be more components in the component window than shown here.
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Spectrum Lab Components
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The actual state of most components is indicated by their color. Green means active, gray=passive,
red=error(s) occurred; not shown in the legend: light blue means "parameter is selected for editing or
connected to the slider on the right”, and yellow means "active but waiting for something" (like the
trigger).

Most components and connections may be changed (switched/connected/activated) by clicking on them.

You get more information about a particular component by clicking on its function block. In many cases,
this will open a special window, for example clicking on the "Input Monitor"-block will turn the input
monitor on and switch the focus its window.

If a component is painted red, there may be an overload condition, a problem with SL's real-time
processing, or a connection to an invalid source because the source label is currently unavailable (for
example in monophone mode, you cannot use R1..R5). If a component turns red, you should...

* Click on the red panel, you may get more information about the error

* Turn on the debugging window from the main window of the program
* It the program "feels sluggish", turn off all components you don't really need to save CPU power,
or make the waterfall display a bit slower

If an adder stage is colored red, it will most certainly be overloaded and the output is "clipped". Reduce
the input levels in this case, or use one of the monitor screens to observe the waveforms.

The following labels are similar as 'nodes' in an electronic circuit. These labels are also used in some
interpreter functions to define the source node :

e LO: Left 'raw' input from the soundcard, or in-phase component from a software defined radio.
This is a rarely used tap before the input preprocessor (sampling rate decimator / calibrator / GPS-
synchronized resampler). If the SDR has a high sampling rate (1 MSample/second an more), the
signal at this node may not be suited as the source for the spectrum analyser, audio recorder, etc !

* RO : Right 'raw' input from a soundcard, or quadrature component from a software defined radio.
See notes on LO (above) !

* L1 : Left input from the soundcard, or in-phase component from a software defined radio, affer the
input-decimator. If the software-defined radio has a large samping rate, this is often the first
'usable’ input (for the spectrum analyser, etc) unless you have a really fast PC.

* R1 : Right input from a soundcard, or quadrature component from a software defined radio, after
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the input-decimator.
* L2 : Output from the first DSP blackbox (see circuit diagram above), etc etc ...

* L5 : This was (formerly) the output from the processing chain to the left audio channel of the
soundcard, D/A converter, or similar.
Since the introduction of the 'output switches' (near the DAC block) in V2.81, the signal from 'L5'
may also be routed to the right audio channel.

* RS : This was (formerly) the output from the processing chain to the right audio channel of the
soundcard, D/A converter, or similar.
The image below shows the default position of the output switches.

L= 1 Qutput
swnches

.—-0+ R|ght
+ RS

* L6,R6:Added in SL V2.82 (2015). Only required in rare cases.
In most cases, L6 is the same as LS5, and R6 is the same as RS (explained above).
These nodes now represent the signal 'directly at the D/A converter', after the optional resampling
from the sampling rate used in SL's internal processing chain (for example, a few hundred kHz,
like the LF. (intermediate frequency) in an analog receiver) to the sampling rate used for output to
the soundcard, e.g. 11025, 44100 or 48000 samples per second, just high enough for the A.F.
(audio frequency) in an analog receiver.
Example (when using SL with the ExtIO_USRP.dII to drive a DAB stick as VHF / UHF receiver):
Sampling rate at LO + RO : 1.6 MSamples / second. Too large for the entire processing chain (on a
notebook).
Sampling rate at L1..L5, R1..R5 : 200 kSamples / second (large enough for wideband FM).
Sampling rate at L6 + R6 : 11025 samples / second.
In contrast to the input preprocessor, which appears as an extra function block in the circuit
(between LO/RO and L1/R1),
the output post-processor isn't shown as an extra block. But information about the signal
(sampling rate, blocksize, etc) after the post-processor can be displayed by clicking on the labels
'L6' and 'R6', which (since V2.82) are shown at the sides of the DAC function block in the circuit
window.

Some less frequently used combinations of the above are used by certain functions to define the source
taps for a complex signal (I/Q input), for example the pam-function (phase- and amplitude monitor
function) :

* LIRI1 : combination of L1 (inphase) and R1 (quadrature phase), etc .

The vertical 'value' slider on the right side of the circuit window can be used to modify the selected
parameter (which is colored light blue then). The slider can be connected to one of many parameters (for
example, the gain of an amplifier). To connect a parameter to the slider, click on one of the components in
the diagram or select it in the combo box under the slider. The actual value (+unit) is displayed in numeric
form below the selection box. Some parameters can be connected to the slider by clicking at them in the
circuit.

7.1.1.1 Chaining of both processing branches (since 2004-07)

5 As you can see in the screenshot of the circuit window, it is designed to process two
%) | channels simultaneously ("stereo") but the program can also operate in single-channel-

oie | mode ("mono") to reduce the CPU load.
DA

m i

Alternatively, you can let the audio run through both branches (formerly "left" and
"right") to have up to four DSP blackboxes and two custom filters. To let a monophone

=13
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audio stream pass through both branches, click on the small "chain switch" which is near the output node
of the left channel ("L5"). The signal path will be modified as shown in the screenshot on the left:

The signal from "L5" (left output) will be routed to label "R1" (right input), run through the lower
processing branch (R1->R2->R3->R4->R5), and finally reach the digital/analog converter (usually the
soundcard's "line out" signal).

To get back to the normal un-chained mode (two separate channels), click on the chain switch again (R1
in the box).

back to top

7.2 Monitor Scopes

These "small scope windows" can be used to watch the waveform of the input- and output signals. The
main purpose is to check the proper amplitude of incoming and outgoing signals.

Input M anitor

'tl'mad1 j Hmag |1_:||

The display can be magnified in the vertical and horizontal axis ("Vmag" and "Hmag"). With "Vmag" set
to 1, the signal should never touch either the top or the bottom of the scope screen. Overload conditions
are especially critical at the input from the sound card, because "clipping" will produce unwanted signals
on the spectrogram or in the output signal. If a signal is too strong (only 3dB below the clipping point), it
will be colored red instead of green on the scope screen.

On the other hand, if the input amplitude is too low (and not visible with "Vmag=1"), you are wasting a
lot of the A/D-converters resolution. You may magnify the vertical axis to 1000, and try if you can see a
signal then. This is especially important if you use an external converter (or soundcard) with less than 16
bit resolution. Increase the gain before the A/D converter (or inside the soundcard, with the volume
control utility).

A few more options like trigger settings may be found in a popup-menu. Right-Click into a scope window
to see the options. Please note that the scope's trigger has got nothing to do with the "Universal Trigger
Block", the scope's trigger is just a simple zero-crossing detector.

For more sophisticated analysis in the time domain, use the time domain scope (explained in a separate
document).

back to top

7.2.1 Universal Trigger Block

This function block can be used to control:

* the main spectrum analyser
* the time-domain scope

* the triggered audio recorder
* and -possibly- a few other functions too.. but not for the Counter/Timer module (which has its
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'own' trigger function) !

The configuration of the trigger itself does not depend on where it is connected to. The trigger symbol is
visible in the circuit window, it may look like this:

iFI Trigger | i} I )
ITrigger Hysteresiz j
[ steps

The following trigger parameters can be modified by clicking on the trigger function block in SL's circuit
window. Some of them can be connected to the value slider in the circuit window.

Trigger module,.

Used by : WaveRecorder

Mode  : NORMAL 4
Source : L1=Left Input

Lewel 110000 {on +)- 32k scale)
Hysteresis : 20 (on 0,32k scale)

Slope  : Any transition
Prefbrigger @ 0,000 sec
Timer Interval : 0,000 sec

Force Trigger {once)

» Trigger source (in the small square, connected to the trigger block). If you don't need the trigger,
disconnect the input to save CPU power. To change the source, click on the small square with the
short source name (like "L1" in the screenshot).

* Trigger level, ranging from -32767...+32767 (linear steps from a 16-bit A/D converter). Can be
changed in the popup menu after clicking into the trigger box, and connected to the value slider on
the right side of the component window.

» Trigger slope/polarity: positive, negative, or both edges

» Trigger hysteresis: can be used if the trigger signal is noisy. Make the hysteresis value a bit larger
than the noise (peak-peak value). For example, using a positive slope with hysteresis: A trigger
event will only occurr, if the input voltage falls below (level-hysteresis/2) and then rises above
(level+hysteresis/2). This parameter can also be connected to the slider to change this parameter
on the fly.

If no signal is detected for over a second (or so), the trigger box in the circuit window turns yellow
instead of green.

To use the trigger for the main waterfall, set the option "triggered spectrum" on the setup screen.

There is one sample file in the installation archive called "TrigWatl.usr" which demonstates how to use
the trigger function block for the waterfall. It uses SL's test signal generator to set the scrolling speed of
waterfall.

back to top

7.2.2 Counter / Timer (pulse- or event counter, operating in the time domain)
<T.B.D>

The counter/timer can be configured through its context menu in the circuit window (click on the box
titled "Counter"). The configurable parameters are:

Mode:
At the time of this writing, only the 'Counter' mode was implemented. If you don't need the counter
(and want to save CPU time), set the Counter/Timer mode to 'OFF' in this menu.

Source 1, Source 2 :
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Select the source for the counter's "main" and "auxiliary" input. If the auxiliary input is used at all,
only certain combinations are possible: L1/R1, L2/R2, L3/R3, L4/R4, L5/R5 but nothing else.

Trigger Level :
Sets the trigger level, expressed in PERCENT of 'full swing'. A trigger level of zero means 'trigger

when the signal crosses zero'. A negative value triggers on the 'negative half wave', which makes
sense if the measured signal is mostly zero, with short negative pulses. Generally, for the best
accuracy, set the trigger level near the steepest pulse of the waveform. This would be zero for a
sine-wave like signal, and some positive value (about half the peak pulse amplitude) for rectangular
pulses.

Note: The Counter/Timer uses its own trigger module, which has nothing in common with the
'Universal Trigger Block' .

Trigger Hysteresis :
Can be used to reject noise, to prevent false triggers (counts). For example, the pulse output of a
certain Geiger Counter was superimposed with a 2500 Hz sinewave, amplitudes approx. +/- 10 %,
and a pulse amplitude of over 90 % (all percentages relative to "full input swing" of the soundcard's
A/D converter). To avoid counting the sinewave, the Trigger Hysteresis was set to 10 % in this
example, and the Trigger Level to 50 % .

Trigger Slope : Rising or Falling.
Defines if the rising (leading) edge of a pulse shall be registered. For simple frequency counter, it

really doesn't matter. But for pulse timing measurements (for example, to compare the PPS outputs
of two different GPS receivers), make sure you pick the right slope. Also beware that certain
soundcards (for example, the E-MU 0202) seem to invert the analog input's polarity ! A short
"positive" pulse on the analog input appeared as a short "negative" pulse in the digitized output !

Gate Time :
Number of seconds for a complete measuring cycle.
Note: The counter updates the result more frequently than the gate time. Furthermore, the frequency
measurement not only uses the "number of pulses per gate interval", but also takes the timestamps
of individual pulses (events) into account. Thus, even with a one-second gate time, the resolution is
better than 1 Hz. But the accuracy greatly depends on the waveform (!), noise, hum, etc. Thus the
requirement to set the counter's trigger level to the best possible value.
For largely dispersed signals (like the output of a Geiger counter) use a long gate time, for example
100 seconds as in the 'Geiger Counter' test application (GeigerCounter.usr).

Holdoff Time:
Can be used to ignore two pulses which are very close to each other. For example, there may be
'ringing' for a few milliseconds at the output of a Geiger counter, or the output may be a synthetic
tone burst of a few dozen milliseconds. In such cases, use a non-zero Holdoff Time to avoid
counting the same event (particle, etc) twice.
If you don't need the holdoff function, set the holdoff time to zero. The holdoff time also limits the
maximum count rate ! For example, with a 20 millisecond holdoff, it's impossible to count more
than 50 pulses per second.

The counter's input (source) can be selected by clicking on the source selector, like most other elements in
the circuit window.

The measured results (like frequency, total event count, etc) can be retrieved through the following
interpreter functions :

counter. freq: returns the measured frequency in Hertz for the first channel (main input)
The resolution depends on the counter's mode of operation, and especially the configured gate time.
Note: The result is always scaled into Hertz (SI unit for the frequency), even if the gate time ist
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much longer than one second. To convert the result into something exotic like "particles per
minute", multiply the result with 60 (or any other factor you like).

counter.event count : returns the current value of the free-running event counter.

Read-only. Int_eger result. Not related to the gate time. Starts counting at zero (when the counter was
started), and never resets until the program terminates.
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7.2.3 Input Preprocessor

The input preprocessor can be used to decimate the input sampling rate before any further processing
step. This may decrease the CPU load, because all later processing stages don't need to run at the 'full
pace'. For example, you may only be interested in a 1 kHz wide frequency band around 77.5 kHz
(including digital filtering, demodulation / decoding, etc). The soundcard would have to run at 192
kSamples/second, but the rest of the test circuit (including the spectrum analysers) only needs a fraction
of that sample rate.

Besides decimation (which means reduction of the sampling rate, along with appropriate low-pass
filtering), the preprocessor can also move a signal down in frequency, and turn it into a complex signal ...
if the input isn't already complex.
Note: Frequency shifting is also possible with SL's FFT-based filter.
L1
o> I'G’)_
Left D=

Preproc
ADC dec=4 0

Right
RO 2,
L o+
Screenshot of the A/D converter block connected to SL's input preprocessor.

'LO" = left channel, directly from the soundcard, here approximately 192 kSamples/second;
'RO' = right channel, directly from the soundcard, feeds GPS sync+NMEA into the calibrator.
'L1" = output from preprocessor to the rest of the circuit with exactly 48 kS/s;

'R1": not connected due to the configuration of the Sampling Rate Detector (!)

The Input Preprocessor can be configured by clicking on its symbol in the circuit window. This will open
a popup menu with the following items:

* Configure Input Preprocessor ...
* Frequency Shift ...

* turn off : Turns the frequency shift off.
Decimation without frequency shift is possible, the processable frequency range starts at
'zero Hertz' then.
Without frequency shift, the input preprocessor requires less CPU load, so if you don't
need frequency shift at this stage, turn it off.

* turn on : Turns the frequency shift on.
The input signal will be moved down by this frequency (in Hertz) before decimation, i.e.
before bandwidth limiting.

* modify center frequency : Opens an edit box to modify the center frequency.
* Decimate By .. ( 1, 2, 4, 8, or 16 using the old, fixed-ratio decimator)
Reduces the sampling rate, and thus the usable bandwidth, by the specified ratio.

A better job than the old, fixed-ratio decimator, possibly at the expense of a higher CPU load can
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be performed by the 'timestamp-driven resampler', which can not only resample the input slightly
(say from 191.9876 to 192.0000 kSamples / s) but also decimate by larger fractional ratios (e.g.
from 191.9876 to 48.0000 kSamples / s). The latter option can be activated by checking 'Audio
Settings' (in SL's main menu), 'Audio Processing' .. '[v] use different sample rate for output', and
entering '48000 S/s' (or any other sampling rate) in the field just below the checkmark. It is
typically used in combination with the Continous calibration (here even 'compensation by
resampling') of the input sampling rate.

The screenshot further above shows the input preprocessor when L0 is resampled (to R1), and RO
feeds the GPS signal into the soundcard. In this example, RO is not resampled, and not routed to
R1, because the sync pulse and NMEA data (from a GPS receiver) are useless 'after' the
preprocessor.

* Help (on the input pre-processor) : open this page in the manual .

The preprocessor's output can also be processed by other instances of Spectrum Lab. This helps to reduce
the total CPU load, if only a narrow frequency range shall be processed by a// running instances. For
example, the first instance may receive data from a software defined radio (like Perseus, SDR-IQ, or
soundcard-based), move down the interesting frequency range, decimate the sampling rate even further,
and then send the decimated stream to all other instances. You can use this feature to have up to 20 (!)
instances of Spectrum Lab analysing a lot of narrow frequency bands, all fed by the first instance.

An external DLL (e.g. Audio-I/O-DLL) can be used to distribute an audio signal 'processed' by one SL-
instance to other instances, or Spectrum Lab can act as an Audio Stream Server providing the 'pre-
processed' signal to other applications, or other instances of SL running on the same or remote PCs.
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7.3 Test Signal Generator

The test signal generator consists of...

* three independent sine wave generators (other waveforms too)

* one noise generator
*  AM and FM modulator for each sine wave generator

More details about the test signal generator and its control panel can be found in this file.

back to top

7.4 Programmable Audio Filter

There are programmable filters in the center of both processing branches (for left and right channel, but
they can optionally be chained as explained here). The internal functions of these filters are explained in
another file. Since November 2003, there is an FFT-based filter implemented in SpecLab which can also
be used as an auto-notch filter and lowpass, highpass or bandpass simultaneously.

Some general notes about the audio filter blocks inside the circuit window:

If a filter is turned off (grey color in the diagram), it is not necessarily bypassed ! To turn a filter on/off, or
activate a bypass (around the filter), open the filter's control window by clicking at the filter function
block in the circuit diagram. The different states of a filter look like this in the circuit window:

Fitter

Filter on (running), and NOT bypassed, filtered audio arrives at the right side)

Spectrum Lab Manual V 2.96 108 /294


../html/filters.htm#fft_filter
../html/filters.htm
../html/sign_gen.htm#control_window
../html/sign_gen.htm#fm_modulator
../html/sign_gen.htm#am_modulator
../html/sign_gen.htm#noise_gen
../html/sign_gen.htm#sine_gen
../html/webstreams.htm#audio_stream_server
../html/settings.htm#audio_io_library
../html/frqcalib.htm#continuous_sr_calib_principle
../html/frqcalib.htm#continuous_sr_calib_principle

Fitter
bypazzed

Filter off, bypassed (audio passes unchanged from left to right)

| Fitter
MO bypazsz

Filter off, NOT bypassed (no audio arrives at the output on the filter's right side)
back to top

7.5 Frequency Converter (""mixer")

The frequency converter is only required for special signal processing. It can be used to shift frequencies.
This is achieved by multiplying a signal with the output of a sine wave generator ("local oscillator")
which optionally can be a two-phase oscillator for sideband-rejecting frequency conversion.

To configure one of the frequency converters, click on its symbol in the circuit window. A popup menu
like this will appear:

Mixer and Oscillator For LEFT channel.
v Enabled

Connect YFO frequ ko slider
DiC reject
USE down-converker

L5EB down-converker
USE up-converker
L5E up-converker
DSE mixer (Faster!)
v Complex multiplier (L=I, R=0Q)
Hilbert FIR, length = 37

Lo freq=1234.5 Hz
v Same L., Frequency For both channels
v 907 phase shift for 2nd channel {for "I}G"-mode)

The frequency of the local oscillator can be set in the Component window. Click on the frequency display
of the local oscillator and enter a new frequency, or connect the oscillator frequency to the value slider on
the right side of the component window. See notes on the VLF receiver below for other ways to control
the frequency.

To turn the frequency converter on (or off), left-click on its circuit symbol in the component window. As
long as the frequency converter is "off", it will pass the input to the output without any change.

Notes on this frequency converter:

* There is a number of options for the frequency converters, they may be used as up- and
downconverters, for either upper or lower side band, or both side bands (which is the least CPU-
power consuming mode)

* There is an interpreter command to control the oscillator frequency: "circuit.osc[0].freq" can be
used to read or set the oscillator frequency. This is used as VFO control for the "VLF radio",
where the oscillator frequency is connected to a movable marker on the frequency scale (including
audio offset).

* Multiplying a real signal (frequency f in) with the local oscillator's frequency f mix, (f mix +
f in) and (f mix - f in) are generated. The "unwanted sideband" can be suppressed by selecting
the proper mixer type ("USB down-converter", etc). These mixers for real signals require more
CPU time than the "complex multiplier" because of the extra filtering.

*  Multiplying a complex input signal ("I / Q"; inphase+quadrature) with a complex oscillator signal
does NOT produce an extra sidebands. Instead, the signal will be simply shifted up or down in
frequency, without the need for extra filtering. To use this configuration, select "Complex
Multiplier" in the popup menu shown above.
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* There is a file distributed with SpecLab which can turn your PC into a VLF receiver (ranging from
almost DC to 24 kHz). The frequency converter is used as "LO" in that configuration, its
frequency can be controlled by one of the markers on the frequency scale of the spectrum (very
handy in combination with a narrow band filter!).

* Instead of the frequency conversion in the time domain, consider using the FFT-based audio filter,
which includes an option to shift audio frequencies up/down, and also an option to invert
frequencies (i.e. turn USB into LSB and vice versa). In many cases, the FFT-based filter
implementation requires less CPU power than the traditional multiply-and-filter method used in
these frequency converters.
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7.6 Audio input and output

This is usually the PC's soundcard, but it can also be another source or destination (an "audio server" as
explained in the configuration dialog).
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7.6.1 Output- and "cross coupling" amplifiers

After all sorts of filtering, the remaining signal amplitude at the output may be much weaker than the
input signal. To adjust this without wasting much of the D/A-converters dynamic range, all signals which
go into the output adders can be multiplied with an adjustable gain factor.

To modify the gains, click on one of the amplifier symbols in the circuit diagram. The value slider on the
right side will then be connected to the amplifier. The gain of the "normal" amplifiers is shown in
DECIBELS (dB). Zero means "unity gain", positive values amplify the signal, negative values mean
attenuation.

Only the "cross-coupling amplifiers" (between left and right channel) use a linear GAIN FACTOR: one

means unity gain, zero turns the coupling off, and negative values can be used to SUBTRACT signals in
one channel from the other. In 99.9 percent of all applications, the cross-coupling factors are set to zero,
in this case their symbols are painted gray in the circuit window (="passive").

A little gimmick: With both cross-coupling amplifiers set to "-1" (which means subtract left channel from
right, and subtract right channel from left), it is sometimes possible to remove the vocals from a music
recording ... remember this if you are a Karaoke fan | Why does this work (sometimes) ? Often the
singer's voice is recorded more or less monophone, and mixed equally to the left and right channel, while
the instruments have either a phase different or are not equally strong in both audio channels.

New (since 2004-07): You can -alternatively- control the output volume with an automatic gain control
function, which is part of every DSP blackbox.
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7.7 Spectrum analyser

The spectrum analyser can be connected to the audio input or output. The output of the spectrum analyser
(FFT) can be visualized as spectrum graph or waterfall, as explained here.

Click into one of the analyser's input blocks to select the source for that channel. The second channel can
also be turned off this way (by connecting it to "nothing", which is on top of the selection list for the 2nd
channel).
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The spectrum analyser can be configured in a special setup screen, which can be opened by clicking into
the analyser block in the circuit window (through a popup window, like for many other function blocks in
the circuit window t0o).

Since May 2004, the spectrum analyser can be triggered externally, using the 'universal trigger' function.

back to top

7.8 DSP Black Boxes

The "DSP Black Boxes" can be used for very special digital signal processing. They can be inserted in
different places in the processing chain (shown in the Component Window ). These functions can be
realized (at least):

* Adder or multiplier to combine two channels (additive or multiplicative)

* Bandpass filter (often used as 'preselector' before demodulators or similar, can be used besides the
more versatile FFT-based filter)

* Hard limiter (aka "clipper") can limit the wave form to a certain value
* Noiseblanker: can be used to remove pulse-type noise

* DC reject: a high-pass filter with an edge frequency of about 0.1 Hz, to remove or measure the DC
component

 delay line: usable for single echo, multiple echo, crude harmonic hum eliminator
 attenuator or amplifier : use "factor" in a delay line to amplify or attenuate
* advanced hum filter (algorithm by Paul Nicholson)

* AM + FM modulators and demodulators, phase modulator, phase demodulator

 First order lowpass filter, required for wideband FM deemphasis (in the signal path after
demodulation)

* Automatic Gain Control (AGC)

 Chirp Filter

The test circuit in Spectrum Lab has four black boxes (left+right channel, before and after the converters
and filters). For every blackbox, an independent combination of this functions can be selected.

The properties of each "Blackbox" (oh well.. a "green box" when active..) can be modified by left-
clicking on a blackbox symbol (| _?|') in the component window. A popup menu like this will appear:

‘Blackbosx!' for left inpat
I (quadrature) inpuk
v Adder/Multiplisr : Multiplier 3
Bandpass filter 4
Hard Limiter {clipper) 3
Moiseblanker ¥
AMSAT EWE Moiseblanker 3
w DC Reject {fg ~ 0,1Hz)
Delay- or Echa line 3
Modulator/Demodulator (off) ¥ Mode (offy OFF
Deemphasis (lowpass) 3 Options » AM modulator
Correlator 4 Center Freq = 2500,0 Hz Fr miodulator
P Micholsan's hum Filker 4 Bandwidth = 1000.0 Hz Phase modulakor
Automatic Gain Control ¥ IMod,-Factor=1.0x AM demodulator
Chirp Filker 3 Carr,-Ampl.= 1.0 % Fr dernodulator
Phase demodulator
HELP on "Black Boxes" [ .
Frequency shifter

Some of the blackbox components can be accessed through interpreter commands and -functions.
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Most numeric parameters can be modified through the menu shown above, which opens an edit box. If
your HTML browser isn't as bugged as certain versions of Firefox, the 'Help' button shown in the edit box
will take you to the chapter (in this) document with details about the purpose of the currently edited
parameter.

In the following chapters some of the functions in a DSP blackbox will be explained.

7.8.1 Signal processing sequence (in each DSP Blackbox)

The order in which the signal runs through a blackbox may be subject to change (or even EDITABLE in a
future version), but at the time of this writing (2010-10-16) it was the same sequence as visible in the DSP
blackboxes' configuration menu. For example, when active, the adder / multiplier is the first processing
step in each box.

If a different processing sequence is necessary, use two blackboxes in "series". For example, use the
blackbox between L1 and L2 (see circuit window) as the first stage, and the blackbox between L4 and L5
as the second stage. Remember to switch the FFT-based filter (between these two boxes) into bypass
mode when the filter is not active - otherwise the signal path from L2 to L4 will be 'open’' (not connected).

7.8.2 Adder or multiplier (to combine two input channels in a DSP blackbox)

This function of the DSP "blackbox" combines the input from two sources into one output signal. The
sources cannot be selected freely, but are fixed:

* the first input into the adder/multiplier is the one shown in the circuit window, eg "L1" for the
blackbox between L1 and L2.

* the second input is on the complementary signal path, eg "R1" for the blackbox between L1 and
L2 ().

The gain factors can be individually adjusted through the DSP blackboxes' context menu:

:
il v+ Adder/Mulkiplier : Mulkiplier 3 Made: Multiplier 3 OfFf
Gain from L1: 1.0 Adder
Gain from R1: 1.0 Mulkiplier

7.8.3 Bandpass Filter (in a DSP blackbox)

In contrast to the FFT-based filter (which is not part of a DSP blackbox), independent bandpass filters can
be activated in any of the DSP blackboxes. These filters are implemented as simple 8-th or 10-th order IIR
filters, which can be configured through the context menu in the circuit window (left-click on a DSP
blackbox, then select "Bandpass Filter" to see all possible options) . The other properties of these
bandpass filters are also configured through the context menu in the circuit diagram (there is no extra
dialog window for these filters).

The properties of a bandpass filter are:

* Enabled / Disabled (bypassed in the signal path)

* Center Frequency in Hertz (like many other parameters, this value can be 'connected' to a slider in
the circuit window)

* Bandwidth in Hertz
* Filter Response Type :

* 10-th order Bessel (linear phase, constant group delay, but soft transition from passband to
stopband)

* 10-th order Butterworth (no ripple in passband and stopband)

* 8-th order Chebyshev filters with different amounts of passband ripple (tradeoff ripple vs
"sharpness" of the cutoff)
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* 10-th order Gaussian filters (no overshoot to step input functions, minimum group delay)

These bandpass filters are the first (?) stage through which the signal runs in a DSP blackbox, because it
was first used to limit the frequency range entering a limiter or noiseblanker (to suppress Sferics on VLF
without being irritated by mains hum, and VLF transmitters).

7.8.4 Delay line in a DSP blackbox

The 'internal' function of a black box (if used as delay line, echo, or crude hum suppressor) is this:

Delay Line
Z n

Feedback Factor

To use this as simple amplifier or attenuator:
set "Input Factor" and "Feedback Factor" to zero, use "Bypass Factor" as gain control

To use it as delay line with unity gain:
set "Input Factor" to one, "Feedback" and "Bypass" to zero

To generate a single echo:
set "Input Factor" and "Bypass Factor" to one (or similar) and "Feedback" to zero.
For audio effects, an echo delay time of 0.5 seconds is a good value.

To generate multiple, slowly decaying echoes:
set "Input Factor = 1", "Feedback Factor = 0.8" (or so), and "Bypass = 0.8"

Suppressor for 50 Hz-hum and harmonics (from European AC mains):
set "Delay Time = 0.02 sec", "Input Factor =-0.7", "Feedback Factor = 0", "Bypass Factor = 0.7"
(Factors of -1.0 and +1.0 also work, but they amplify the signal). This removes 50 Hz (1/0.02sec)
and all harmonics of 50 Hz by adding the signal delayed by 20 ms to itself. Tnx Eric Vogel and
Renato Romero for this idea.
In countries with 60 Hz AC mains, try 0.01667 sec (to remove 60 Hz) or 0.05 sec delay (to remove
20Hz(!) and harmonics). In the input field, instead of typing "0.01667" you may also enter "1/60",
etc. The formula will calculated when you click the "Ok" button of the numeric input box.
There is also a dedicated hum filter using an algorithm by Paul Nicholson, which does not occupy
the "delay line". You can activate it from the DSP blackbox popup menu. Set the "Nominal Hum
Frequency" to either 50 or 60 Hz, and activate the hum filter (so it appears checked in the menu).

Note: The delay line parameters can be read and modified via interpreter commands
blackbox[N].delay.sec, etc.

7.8.5 Advanced hum filter in a DSP blackbox

This filter is based on an algorithm by Paul Nicholson. Details were available at
http://www.abelian.demon.co.uk/humfilt/.

Note: In many cases, the FFT-based filter's "multi-auto-notch" feature does a more efficient job, because
it only removes frequencies where 'carriers' are really present - not every harmonic of 50 or 60 Hz.

To use the old hum filter in SL, you just have to specify your AC mains frequency (50 or 60 Hz). The
filter tracks this frequency within a certain range to place the sharp nulls of the comb filter exactly on the
mains frequency and its harmonics. This only works if the mains frequency is quite stable (so not for
"wandering carriers" in a shortwave receiver, caused by free running switching-mode power supplys).
Alternatively you can provide an external source for the AC mains frequency, for example: let the
spectrum analyzer detect the precise mains frequency (see below how to achieve this).

There is a control panel for the hum filter which can be connected to one of the four DSP blackboxes. To
open the control panel, right-click on the DSP blackbox in the circuit window, point on the "hum filter"
menu (so the submenu opens), then click on "Show Control Panel". On the control screen for the hum
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filter, you can modify...

* the nominal hum frequency (usually 50.0 or 60.0 Hz)

* the end stop for the possible hum frequency (in percent, 0.5 should be ok)

* the number of filter stages (the higher this value, the narrower the notches of the comb filter)
* the slew rate (the maximum adjustment speed for the built-in tracking algorithm)

* selection of the tracking algorithm (several versions of Paul's algorithm implemented here, plus
the option to turn automatic tracking off)

* tracking cycle: Defines how frequently the current hum frequency is revised by the algorithm. A
good point to start with is 0.5 ... 1 seconds.

» "Calculate current hum frequency from numeric expression": Uses SpecLab's interpreter to define
an alternative source for the current hum frequency (mains frequency). See example "An
alternative source.." below.

In the lower part of the window, some actual values from the tracking algorithm are displayed. They were
mainly used for testing purposes, but the "Current hum frequency" may be interesting for you (dear user)
as well.

An alternative source for the current mains frequency:
Just let the spectrum analyzer detect the precise hum frequency. Use the peak f() function, like
peak f(#1, 48, 52) or peak f(#1, 58, 62). Load the preconfigured settings "HumFi50.usr" or
"HumFi60.usr" and open the hum filter control window. The peak-frequency-detection routine is
entered in the edit field under the checkmark "Calculate current hum frequency from expression".
Note that the 1st channel (#1) of the frequency analyzer (which feeds the waterfall) is connected to
the INPUT of the DSP blackbox (labelled "L1"). Be careful not to connect this channel to "L2",
because the 50 Hz / 60 Hz signal is notched in the output of the DSP blackbox !
For accurate tracking we need a good SNR of the 50 Hz / 60 Hz line, otherwise the interpolation in
the peak f function is severely degraded. If your VLF antenna does not pick up enough hum, switch
the program to "stereo" mode and use the second input of your soundcard as an auxiliary hum input.
Use an insulated piece of wire as "hum antenna", tied around a power cable or similar. Connect one
input of the spectrum analyzer to this auxiliary hum input. The result can be stunning if you are
listening to VLF with the soundcard !

7.8.6 Hard Limiter in a DSP blackbox

The limiter simply clips the waveform to one of two possible adjustable "maximum" values:

* Clipping level A :
This limit doesn't depend on the signal amplitude itself. It is entered in "dB over full scale". A "full
scale" value of 0 dB is the point on which clipping takes place in the A/D, and in the D/A
converter. Typical settings for this parameter are -3 to -6 dB "above" full scale (note the negative
dB values; the limits are actually always below full scale).

* Clipping level B :
This limit is relative to the average signal amplitude. 3 dB means "clip anything which is 3 dB
above the average signal level".

The program will automatically use the lower of these two limits.
When opening the submenu "Hard Limiter" in the popup menu of a DSP blackbox, the program may
show a message like this (if the limiter is enable) :

"Signal is 10.4 dB below clipping(A); avrg = -12.3 dBfs" .

This means (for example) :

At the moment, the input signal (to the blackbox) is 10.4 dB below the lower of the two clipping levels,
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the lower is clipping level A (see above), and the average input signal is 12.3 dB below full scale.

To adjust the two clipping levels (A and B), these parameters can be connected to the vertical slider in the
circuit window.

Select "Hard Limiter"..."Clipping Level A" (or B) in the blackbox menu, and when prompted for the new
value, set the option "Connect to slider".

Hint:
Connecting the Hard Limiter in front of the digimode terminal may help under certain (special")
conditions, for example with the PSK31 decoder.
Also, it helps when listening to shortwave radio stations if the signal is affected by static crashes.
Because the signal first runs through the limiter (before it enters the optional AGC), the deafening
effect can (impact on the gain control) be reduced. Unlike the Noise Blanker (see below), the Hard
Limiter doesn't punch a "hole" into the signal. A combination of the Limiter and the Noise Blanker
is possible, but makes little sense.

7.8.7 Noise Blanker in a DSP blackbox

The noise blanker can be used to suppress pulse-type noise, as often caused by electric fences, switches,
and thunderstorms. It basically works like this:

If the signal rises above the average by more than a certain amount (expressed as "Trigger peak / averag"
in decibel) within a short time, and only for a short duration, the "gain" of the noiseblanker will be
reduced by this amount. The gain reduction will have smoothed ramps (rising and falling edges) to avoid
AM sidebands in the output signals.

The adjustable parameters of the noiseblankers are:

* Ramp time
Set to 0.01 seconds by default, to reduce sidebands caused by

the blanker's amplitude modulation. If the noise pulses are

very short (typically shorter than 10 milliseconds), reduce

this value. Remember, you can connect (almost) all
parameters to the value slider in the circuit window.

trigger level

input signal

* Trigger level ( relative to a an average, in decibels)
Defines the level at which a blanking pulse shall be started.
noiseblanker The average value is taken from the input signal, full-wave
ga rectified, and low-pass filtered. Thus values below 3 dB are
useless - at least for a few very special cases. Don't make this

value too low, to prevent false triggers. 20 dB (above
oupr average) seem to be a good value for listening on longwave.
slna amp tl 2 amp With this value, the effect of "QRN" (static crashes) on a

waterfall display can be reduced also. It takes some

experimentation to find the best value for a given purpose -
remember the value slider.. and the possibility to plot the noiseblanker's currently measured
average level as explained further below.

* Pre-trigger blanking time (t1), post-trigger blanking time (t2) :
Can be set to zero in most cases. In some cases (depending on the 'waveform', see red graph in the
diagram), blanking can actually start a short time (t1) before the trigger threshold is reached, and
extend a short time affer the signal falls below the trigger threshold. Quite annoying for listening,
but it may help to reduce the unwanted energy from sferics in weak signal analysis (with very long
FFTs, where a slightly longer gap in the input matters less than the 'burst noise' energy).

* Average detector time constant(s)
This is the lowpass filter's time constant (in seconds) for the average value. Typically a few
seconds. Example (VLF, sferic blanking): 5 seconds. There are actually two time constants:

Spectrum Lab Manual V 2.96 115/294



the RISE time constant is used while the rectified signal

exceeds the average; the DECAY time is used otherwise.
For weak-signal work, it helps to use a slower RISE- than DECAY-time for averaging, to avoid
upsetting the average by sferics.

Note: In some cases, it helps to run the signal through a bandpass filter before it enters the noiseblanker
(or similar non-linear processing stage). For example, if the input from the receiver (soundcard, SDR, etc)
contains strong signal which are *not* impulsive noise (and thus shall not trigger the noiseblanker), a
bandpass filter which rejects the non-impulsive noise helps to prevent false triggers of the blanker, and
allows setting the trigger level to a lower value. In a VLF radio experiment, the combination of a
bandpass filter followed by a noiseblanker was used to remove sferics (distant lightning discharges)
before the signal entered the spectrum analyser, which used a very large FFT to dig a weak but coherent
signal out of the noise.

To test the noiseblanker (and find the best settings for a given type of noise), some of its internal state
variables can be read via the built-in interpreter, and thus can be watched / plotted:

* blackbox[N].nbl.avrg  (where N' is the DSP blackbox index, 0..3):
The noise blanker's current average level (for the dynamic trigger level), "rectified and low-pass-
filtered amplitude", not a logarithmic unit.
Since digital samples within Spectrum Lab are normalized from -1 to +1 internally, the expectable
value range of the noiseblanker average level is zero (complete silence) to 1.0 (clipping level of
the A/D converter).

* blackbox[N].nbl.avrg_dBfs
Similar as blackbox[N].nbl.avrg, but the unit is "decibel over full scale" (logarithmic scale).

DC Reject / DC measurement (in a DSP blackbox)

Similar to a 'coupling capacitor' in an audio amplifier, a signal's DC component can be removed. This is
achieved by a simple 1st-order highpass filter with a lower corner frequency of approximately 0.1 Hz .

When enabled, the (removed) DC offset can be read (measured) with the interpreter function
'blackbox[N].dc_offset' .

7.8.8 Modulators and Demodulators in a DSP blackbox

In each of the four DSP blackboxes, there is a "modulator"/"demodulator" function for either amplitude-,
frequency- or phase-modulation. It can also be used for frequency conversion (like the multiplier, but
with sideband rejection using the Weaver method).

Depending on the type, you must specify:

* center frequency
* modulation bandwidth

 carrier amplitude
e modulation factor

Possible types are selectable through the blackboxes' specific menu (left-click on the symbol in the circuit
diagram... see below):

* Amplitude modulator

* Frequency modulator

* Phase modulator

* Amplitude demodulator

* Frequency demodulator
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* Phase demodulator (note: the output is scaled to -180 to +180 degrees, which may change in
future revisions, when "everything" will be normalized to +/- 1.0)

To modify the type or properties of a modulator/demodulator, click on the DSP blackbox in the circuit
window to open a DSP popup menu.

7.8.8.1 Wideband FM reception

For wideband FM, activate the FM deemphasis unit (which is nothing more than a digital implementation
of a simple RC lowpass filter). For north american FM stations, use a time constant of 75 microseconds.
For the rest of the world, use 50 microseconds. The configuration

"UKW_FM Demodulator SDR_IQ.usr" or "UKW_FM Demodulator Perseus.usr" can be used as a
starting point to receive FM broadcasters with one of these software-defined radios. In these
configurations, the left part of the spectrum analyser shows the input spectrum (before FM
demodulation), while the right part shows the demodulated baseband signal. The FFT-based filter is used
as an IF filter in the above configurations. The IF bandwidth can be adjusted with the blue frequency
marker in the left part of the spectrum (it is actually one of the programmable frequency markers). Stereo
reception and special functions like RDS decoding is not possible (yet ?). But you may be able to see the
stereo (L-R) subcarrier, double-sideband modulated around 38 kHz, and the 19 kHz stereo pilot tone at 19
kHz in the right half of the spectrum display.

Using a normal soundcard (and a VHF downconverter of course) to receive wideband FM is impossible
due to the lack of necessary bandwidth. Only soundcards with a sampling rate of 192 kHz can be used to
receive FM with just a simple downconverter.

7.8.9 Automatic Gain Control (in the DSP blackboxes)

For listening to certain signals comfortably, without damaging your ears if the signal suddenly gets too
strong due to QSB (fading), you may want to have a constant output level (on average) despite changing
strength of the input signal. This is especially helpful when using SpecLab as the last stage of a radio
receiver, or as a complete VLF or LF receiver. Use the AGC (automatic gain control) which is the last
processing stage within a DSP blackboxes.

To turn the AGC on or off, or switch between "slow, mid, and fast" mode, use the DSP popup menu in the
circuit diagram, and point to the "Automatic Gain Control" entry. A submenu with the following entries
will open:

* Mode
allows to switch the AGC on/off or select the speed. The "slow" AGC is the most comfortable
mode for longwave- and shortwave listening.

* Target Level
defines the "target" average level of the AGC'ed signal, expressed in "decibel before clipping takes
place". For sine-like signals, a value of -3 dB is ok, for other pulse-like signals which require more
headroom, set the Target Level to -6 dB or even less.

* Min. Gain, Max. Gain
can be used to limit the gain range of the AGC. If there is "no signal at all", you may want to limit
the gain to avoid hearing a hissing broadband noise in your speakers. A maximum gain between
+60 and +80 dB is usually sufficient, but this depends greatly on your application.

* Momentary Gain
shows the momentary gain of the AGC control loop. If you connect this value to the slider in the
circuit window (by checking "connect to sllider" mark in the edit window after selecting this
menu), you have a "living" display of the current gain depending on the averaged input amplitude.

back to top
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7.8.10 Chirp Filter (in the DSP blackboxes)

For experiments with a chirp sounding, or a chirped backscatter radar, a chirp filter was added to all of the
four DSP blackboxes.

Details about the chirp filter are in a separate document (chirp_filter.htm) .

7.9 Sampling Rate- and Frequency Offset Calibrator

The small blocks labelled "SR cal" and "FO cal" in the circuit diagram show the current status of the
sampling rate- and frequency offset calibrator. Clicking on one of these blocks opens a control panel
where the properties of the calibrators can be edited, etc.

More info about these frequency calibrators are explained in another file.

back to top

7.10 Interpreter commands for the test circuit

blackbox[N].xxx
Access to some of the DSP blackbox components. "N" is the blackbox index:
O=blackbox near left input, 1=blackbox near right input, 2=before left output, 3=before right output.
The following blackbox components can be accessed this way (most read- and writeable):
blackbox [N] .agc.mode : 0=off, 1=fast, 2=medium, 3=fast, 4=custom (see attack,decay)

blackbox[N].agc.tgt level :target output level in decibel

blackbox[N].agc.min gain :minimum gain of the AGC block in dB
blackbox[N].agc.max gain :maximum gain of the AGC block in dB
blackbox[N].agc.mom gain :momentary gain of the AGC block in dB, read-only !
blackbox [N] .agc.attack : custom-defined attack speed, arbitrary unit. 1.0 is "very fast",

0.01 is medium speed
blackbox [N].agc.decay : custom-defined decay speed, same arbitrary unit as the attack
speed

blackbox [N] .delay.sec :approximate delay line lenth in seconds. The actual delay will be
a multiple of sample intervals.

blackbox [N] .delay.enabled :0 when disabled, 1 when enabled.
blackbox[N].delay.input factor :0..1.See diagram of a delay line.

blackbox[N] .delay.feedback factor :0=no feedback .. I=full feedback (causes
oscillation). See diagram of a delay line.

blackbox[N].delay.bypass factor :0=no bypass .. I=full bypass. See diagram of a

delay line.

blackbox[N].dc offset :reads the current DC offset voltage, detected by the DC-rejecting
function.

blackbox [N] .nbl.avrg :returns the noiseblanker's current average level (linear scale, not
"dB"), which affects the threshold aka 'trigger level'.
Note: There may be more noiseblanker-related functions here.

circuit.osc.freq
Reads or sets the oscillator frequency (in Hertz) for the frequency converter.
If you use the stereo mode and two different oscillators:
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circuit.osc[0].freq is for the LEFT audio channel,
circuit.osc[1].freq is for the RIGHT audio channel.
Example: VFO control for the "VLF radio",
sr_cal.xxxx
Sampling rate calibrator.
fo_cal.xxxx
Frequency offset calibrator (or "drift detector")

See also:

Commands to control the digital filters
Overview of all interpreter commands
back to top

Last modified : 2015-01-19

Benétigen Sie eine deutsche Ubersetzung ? Vielleicht hilft dieser Ubersetzer - auch wenn das Resultat
z.T. recht "drollig" ausfillt !
Avez-vous besoin d'une traduction en francais ? Peut-&tre que ce traducteur vous aidera !

e Circuit:

¢ Component Window

e  Monitors
e Filter
* DSP Blackboxes

* Noise Blanker

» Calibrators

* TD Scope

* W
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8 Spectrum Lab's Test Signal Generator

Spectrum Lab is more than a simple audio analyzer. It has a built-in audio signal generator with the
following features:

 three independent signal generators (waveforms : sine, triangle, sawtooth, rectangle, or arbitrary )
* one noise generator
* AM and FM modulator

This chapter contains:

1. Generator function blocks
2. Generator control window
3. Arbitrary waveform editor

4. Generator phase-locking to GPS or timestamps

5. Controlling the generator via interpreter commands
6. Background notes

The test signal generator can be activated either from Spectrum Lab's main window or the Component
Window: The output of the generator can be added to the input of the processing chain, but also to the
output (to test external devices). If you need a generator with I/Q-output, let the signal run through the
FFT-based filter (which can turn normal signals into complex signals, and remove the "negative"
frequencies in the spectrum if necessary).

See also: circuit window overview , main index , sample applications .

8.1 1. Generator function blocks

Three independent audio frequencies may be generated WHILE the audio input of the sound card is
analyzed. Each of these "tones" can be adjusted from 0.1 Hz to the half sampling rate in 0.1 Hz steps. By
setting a tone's frequency to zero you turn it off (so you can use this generator also for one-tone- and two-
tone- tests).

The three sine waves are calculated in real-time using the PC's floating point unit, so you need a fast CPU
if you want to generate these tones WHILE analyzing the input. The generator can be started from the
"View/Windows" menu.

The signal generator also has an adjustable noise generator (white noise). This is a useful tool for testing
filters. You may test the "software"-filters in SpecLab with this generator, but you can also test a "real"
filter with it if you connect the signal generator to the sound output and the spectrum analyzer to the
sound input.

back to top

8.2 2. Generator Control Window

The signal generator's control window can be opened from Spectrum Lab's main window, or by clicking
on the generator block in the test circuit diagram.
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Here are just some of the generator controls:

"Turn On" / "Turn Off":

Used to turn the generator on and off. If you don't need it, turn it off to save CPU power. If the
button is labelled "Turn On" and colored grey, it means the generator is actually turned off.
Sine Wave Generators:

Up to three modulatable sine(+) wave generators can be used in parallel, each on a different
frequency. The following controls exist for every generator.

"On": Used to turn one of the sine generators on or off. If this box is checked, the generator is
active.

"AM": Activates the amplitude modulator for this generator.

"FM": Activates the frequency modulator for this generator.

"Waveform": Select sine, rectangle, triangle or sawtooth here.

"Freq/Hz": You can enter the (center-)frequency of the generator here as a decimal number
(accurate to fractions of a Hertz).

"Frequency Slider": Can also be used to change the frequency rapidly, using the mouse. Hint: you
can also connect the frequency of a generator to a frequency marker/slider.

"Level": Set the output amplitude of the generator. All three generators can be individually
controlled. The maximum value is "0 dB".

Note: If a suitable GPS receiver is connected to the PC via soundcard (!), the output of the sine
wave generators can be phase-locked to the GPS sync pulse.

Noise Generator:

Can be used to add "white gaussian noise" to the common output of the signal generator. To avoid
clipping, keep the noise generators output level below -40 dB (or even less, if sine waves etc shall
be added to the output).

Frequency Slider Range:

Affects the frequency range which can be controlled with the three frequency sliders.

Amplitude Modulator:

Define modulation frequency, modulation factor for all "amplitude modulated" sine wave
generators. All three sine generators may share the same AM modulator. The modulation
waveform can be sine, triangle, sawtooth or rectangle.

Frequency Modulator:

Define modulation frequency, modulation deviation (peak deviation, "plus/minus XX Hertz") and
the waveform of the modulating signal for all "frequency modulated" sine wave generators. AM
and FM can be combined though this hardly makes sense. With the frequency modulating
waveform set to "sawtooth", the generator produces a linear sweep which is ideally suited to test
audio filters, or SL's own chirp filter.

PTT on:

This checkbox can be used to turn a transmitter on and off, if configured and wired properly (see
configuration of the PTT control).

use table:

Tradeoff between CPU load (caused by calculation of sine waves) and speed.

The default, checkbox 'use table' set, requires less CPU power, at the expense of spectral purity
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("spurious" signals caused by interpolation when using the sinewave table method are at least
90dB below the carrier, so this shouldn't be a problem).

If the option 'use table' is unchecked, sinewaves for the generator are calculated using the
processor's floating point unit (FPU), causing an additional CPU load in the order of 20 percent on
a Centrino running at 1.7 GHz clock, and an audio sample rate of 192 kHz. In that mode, any
spurious signals originating from the sine wave function are at least 150dB below the carrier, so
these sine waves are 'extremely' clean but this is hardly ever required.

back to top

8.3 3. Arbitrary Waveform Generator / Editor

Each of the signal generators -also the AM+FM modulators- can be switched to "arbitrary waveform"
mode. The arbitrary waveform is stored in array with 1024 sample points, from where it can be read out
in any desired speed (using interpolation). To define the waveform, you can ...

* edit the waveform in graphical form (using "single point" or "line" editing mode)
* load the waveform from a short audio file (maximum length is 1024 sample points).
* calculate the waveform from a formula - see examples in the table below.

To fill the arbitrary waveform array with calculated values, enter a numeric formula in the edit field on
the right side of the graphic waveform display. The formula will be evaluated by SpecLab's numeric
interpreter.

- Test Tone Generators — O

Generators and Modulators  Arbitrary Waveform Editor l Dpticlns] Turn OFf

1 save Help
Points.  ~ | |[ PTTON

P Fillwith (expr) - | | use table
j 5;\ Sin(2'pix)"98 |_ V2 output

Edit:

Screenshot of the signal generator's "arbitrary waveform editor",
after filling the waveform array from a numeric expression.

The variable 'x' runs as index from 0 to 1 over the whole array (regardless of the actual length of the
array; so 'x' is the array index "normalized" to O ... 1). To use 'x' in an argument of the trigonometric
functions like sin and cos (sine and cosine), 'x' must be multiplied with 2 * pi ( pi is a constant, approx.
3.14159265...) .

The result of the formula must be in the range +/- 1 . Some examples :

Expression ("formula") Result
sin (2*pi*x) fills the waveform array with a pure sine wave
sin(2*pi*x) "3 fills the waveform array with a distorted sine wave
sin (2*pi*x)"99 fills the array with a very distorted sine wave
(x<0.5) fills the array with a pulse, 50 percent duty cycle
(x<0.1) fills the array with a pulse, 10 percent duty cycle
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(x<0.1)+0.01* ((x>0.5) && (x<0.6) ) |produces a "strong", followed by a "weak" pulse

"Starwars"-like sound (laser) when played at 5 Hz .

1-x) *s] 5% (1- ~4 . .
(17x) Fsin (57 (1=2))74) Taken from CrazyBirdsl1.usr, a nonsense-audio-generator

rand () fills the waveform array with white noise

back to top

8.4 4. Generator phase-locking to GPS or timestamps

By default, the phases of the generated signals (sine waves, also for the modulators) are unpredictable -
they just start at 'phase zero' when the generator was turned on, and that's it. Enough for most
applications.

Only for a few special cases (mainly testing timestamped audio streams), it was desirable to lock the test
signal generator output to GPS (with sync output) or a similar precise source for time and frequency (and
thus the ability to measure "absolute" phases, as specified further below). Alternatively, if there is no GPS
receiver providing timestamps (for the reference phase), the generator's phase-locking feature can also use
UTC timestamps received from timestamped audio streams.

In any case ("GPS phase lock" or "precisely timestamped streams"), this option can be enabled on the
generator's "Options" tab:

M GPS phase lock (or phases locked to timestamps when available)

The above option is actually the same as 'GPS phase lock' on the Sample Rate Calibrator control panel. It
is only duplicated here for convenience, and because it's also useable without SR calibration.

8.5 5. Controlling the generator via interpreter commands

There are a few commands and functions in Spectrum Lab's interpreter which can be used to control the
signal generator. They can be used to control the generator from an external program, etc.

To set a new value, use a formal assignment like "generator [0] . freg=123.4".

The token "generator" can be abbreviated as "gen" if necessary.

generator[N].ampl

Reads or sets the amplitude of one of the three function generators (N=0..2) on a linear scale.
generator[N].freq

Reads or sets the frequency of one of the three function generators (N=0..2) in Hertz.
generator[N].level

Reads or sets the amplitude of one of the three function generators (N=0..2) on a logarithmic scale,

the unit is decibels (dB), 0 dB is the clipping point.
generator[N].trigger _cycles

Activates the N-th generator channel (N=0..2) for a limited number of output periods of the selected

waveform.

Example:

generator[N].trigger cycles =1

When configured as square wave output (on the generator control panel), the above example will

emit a single pulse. Intended to be triggered, for example, by any of Spectrum Lab's programmable

buttons, which may be activated via hotkey (keyboard on the PC) for special tests - see screenshot
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of the 'Macro Button Editor' shown further below.
If the assigned value ("number of cycles" aka tone frequency periods) is larger than one, the
command can also be used to send a short tone burst. The duration in seconds would be the number
of cycles (= value assigned to generator[N].trigger cycles) divided by the configured tone
frequency (= generator[N].freq).

generator.on = 1
turns the signal generator on (applies to all channels)

generator.on =0
turns the entire signal generator off (applies to all channels)

Macro Button Editor - button[6]

“ariahle String Expression for Menu tem

|"Test Pulse [("+strigenerator[0].trigger_cycles)+")"

|7 evalugte and update caption periadically

Interpreter Command(s) to be executed on click

|generator[tl] trigger_cycles=1

Hotkey (decimal keyvboard code) ;. [112 =F1

)
=

X 2bbrechen | ife |

Example: Generator controlled via one of SL's programmable buttons (to send a 'single pulse').
This button is programmed to show the remaining number of 'test pulses' like a countdown.

back to top

8.6 6. Background Notes

The author used this generator to find out how "linear" his "linear transverter" for 136kHz really was by
feeding it with a two-tone signal and analyzing the transmitted spectrum at the same time. A simple two-
tone test is also good for testing the intermodulation of receivers or single amplifier stages.

It was later used in a 'confidence test' for some of Spectrum Lab's spectrum analysis functions (using the
FM modulator to spread the energy from a sine generator, without changing the total power).

Tech notes, something to test:

* Often an FM signal is characterized by the modulation index, which is: mod_index =
peak deviation / modulation frequency.

The instantaneous signal frequency sweeps from f center-deviation to f center+deviation.

* The "carrier" in an FM signal modulated with an index of 2.405, 5.52 and 8.654 disappears
completely. This happens for example if the modulation frequency is 10Hz and the deviation 24.05
Hz. Try it with a sine wave of 1000 Hz, frequency modulated with a 24.05 Hz sine wave,
deviation = 10 Hz : there should be no signal at 1000.0 Hz .

* If the signal is modulated with a non-sinusoidal wave (rectangle, triangle, sawtooth) it is
impossible to define a single modulation index - that's the reason why the FM modulation
"strength" is defined as deviation here.

* Unlike AM, FM does not affect the total power of the signal. Did you already find out how to
validate this with Spectrum Lab ? (tip: check the numerical analysis functions)

back to top

Last modified : 2020-10-23
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Bendtigen Sie eine deutsche Ubersetzung ? Vielleicht hilft dieser Ubersetzer - auch wenn das Resultat
z.T. recht "drollig" ausfallt !
Avez-vous besoin d'une traduction en frangais ? Peut-étre que ce traducteur vous aidera !
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9 Sample Rate- and Frequency Calibration

- always under construction -

9.1.1 Chapter overview

1. Introduction

2. One-time calibration of the sampling rate

3. Continuous calibration of the sampling rate
1. Control panel for the sample rate calibrator
2. Sample rate calibrator principle

3. Sample rate calibrator settings / options
4. Values displayed on the SR detector panel (during operation)

5. GPS phase lock option (for several 'oscillators' within SL)

4. Continuous detection (and -possibly- correction) of a frequency offset / "drift"

5. Frequency Calibration References (Sources)

1. Continuous wave (coherent) reference signals
2. VLF MSK Signals as reference signals
3. GPS receivers with one-pulse-per-second (pps) output
1. How to use the pps signal to continuously 'calibrate' the sample rate

2. How to check the GPS pps signal
3. How to check the GPS NMEA output (and decode it using the soundcard)

6. The 'Scope' tab (local spectrum- or reference pulse display)

7. The 'Debug' tab (debug messages and 'special tests')

8. The Goertzel filters (optionally used for high-res frequency measurement)
1. CPU load caused by the Goertzel filters (and how to reduce it)

2. Periodic reference signals (like 'Alpha' / RSDN-20)
9. Interpreter Commands to control and monitor the frequency calibrators
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Appendix: Soundcard clock drift measurements, Algorithm for the continuous sample rate correction ,
MSK Carrier Phase Detection .

See also: Spectrum Lab's main index, 'A to Z', settings, circuit window , phase- and amplitude monitors .

9.1.2 Introduction

This chapter is only important for phase- and precise frequency measurements, or for the detection of
extremely weak but slow Morse code transmissions ('QRSS'). You don't the functions explained in this
chapter for most 'normal' applications like audio frequency analysis.

To improve the accuracy of frequency- and phase readings, it is possible to reduce the influence of
"drifting" soundcard sample rates by permanently monitoring the frequency and phase of an external
reference signal.

( This is different from the 'normal' sample rate calibration table on the audio settings screen, where the
sample rate is only calibrated once but not permanently)

With the permanent frequency calibration, you can (almost) eliminate the effect of a drifting VFO in an
external receiver.

Some frequency reference sources are listed in one of the following paragraphs.

back to top

9.1.3 One-time calibration of the sampling rate (pre-calibration)
With the following steps, you can calibrate the sampling rate once. This is enough for most applications.
1. Select a nominal sample rate which is high enough to detect the "reference signal" of your choice.

Most modern cards seem to work better with 48000 samples/second, rather than 44100 . These
sampling rates are sufficient for most applications.

2. Use a relatively high FFT resolution, for example 262144 points, in the settings for the main
spectrum display.

3. Make sure the spectrum/waterfall cursor readout operates in peak detecting mode.

4. With the peak-detecting cursor in the spectrum graph or the waterfall, measure the frequency of
the reference signal.
Move the mouse close to the peak frequency. The "peak indicator" circle in the spectrum plot
should jump to the peak.
For example, the 'cursor' function will show a value of 15623.2345 Hz (this is an interpolated
value, the resolution is much higher than the FFT bin width ! The interpolation algorithm was
suggested by DFONM, thanks Markus ... it really does an amazing job !)

5. Enter the "correct" and the "measured" frequency in the calibrator fields of the audio settings
dialog. Then click "Calibrate". The program calculates the new sampling rate and shows it in the
calibration table. If you think it's reasonable, click "Apply" to make the new value effective.

6. Move the mouse to the peak of the reference signal again and check the displayed frequency
(again, in 'peak’-mode). It should be very close to the true frequency of the reference signal, like
15625.0001 Hz for the "TV-sync" example.

Notes:
* The mentioned accuracy in the sub-milliHertz-region is realistic, if the soundcard in your PC has a

crystal oscillator, and has been running for a few hours. If the frequency of the soundcard's
oscillator drifts too fast, try the continuous calibration routine which is explained in the next
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chapter. Don't calibrate immediately after powering on the system - see soundcard frequency drift
measurements in the appendix.

* The calibration table is saved in the machine-depending configuration file MCONFIG.INI in the
installation directory. It is not part of a user configuration file (SETTINGS.INI; *.USR; etc). So, if
someone sends you a test setup file via e-mail, your calibration does not get lost.

* There are different entries in the calibration table for some 'nomimal' sampling rates (like 11025,
22050, 44100, 48000, 96000 Hz). Because it is very likely that all rates are derived from the same
clock oscillator, it's ok to do the calibration procedure for the highest sampling rate only, divide
the calibrated result by two or four, and enter the result manually in the table. This way you can
calibrate 11025 samples/second with the 15625 Hz TV sync 'indirectly'. But beware, some
soundcards are known to be very far off the nominal sampling rate; in recent years (2010) many
soundcards work better at 48 kHz than at 44.1 kHz .

The sample rate calibration table is displayed in the configuration window (audio settings) under 'Audio
Processing', near the selection of the 'nominal' input sampling rate. The table contains fixed entries for the
most common 'soundcard' sampling rates, plus a few (3?) entries for non-standard sampling rates (marked
with orange colour in the screenshot below). These entries can be used for devices like special SDRs, A/D
converters, or audio streams with 'unusual' sampling rates. As often, don't forget to hit 'Apply"' after
manual edits in this table.

Audio Processing
Nominal Sample Rate (in} |GE00Y

decimate input SR by |1

L L]l

Resample.. | nothing (don't resample)
Sample Rate Calibration Table [Hz]

Nominal |Input calib | Cutput cativ |
5512 |5512.000 5512.000
8000 | 2000.000 8000.000
11025 |11025.000 11025.000
12000 |12000.000 12000.000
16000 | 16000.000 16000.000
22050 |22050.000 22050.000
24000 | 240030475922 24000.000
32000 |32000.000 32000.000
44100 |44100.000 44100.000
FETRI 42000.000 43000.000
36000 | 96000.000 S6000.000
192000 |192000.000 182000.000
000 | 6000.100 6000.200
2000000] 2000000.000 2000000.000
500000 | 500000000 S00000.000

|— rezample to nominal output S.R.
|— use different sample rate for output :
nominal; |11025  S/s

Resampling quality |rnedium -

|— minimize latency (use small buffers)

'Sample Rate Calibration Table' for inputs (e.g. ADCs) and outputs (e.g. DACs)

9.1.4 Continuous calibration of the sample rate

For 'very demanding' applications like phase measurements, or spectrograms with extreme frequency
resolution (mHz or even uHz range), it may not be sufficient to "calibrate" the soundcard's sampling rate
only once. Instead, the SR (sample rate) may have to be monitored continuously against a stable
reference, so any SR drift can be eliminated.

To achieve this, select Components ... Sampling Rate Detector from SL's main menu, or select one of the
preconfigured settings (from the Quick Settings menu) which automatically activate this function (for
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example, the Very Slow Morse modes like "QRSS600").
A control panel like this one will pop up (details in a later chapter):

requency Error Compensation / Calibration requency Error Compensation / Calibration

{Eampling Rate Delectr ] Frequ. Offset Detector | Scope | Debug | Sampling Rate Detector ] Frequ. Offset Detector | Scope | Delug |
Sync freg Source [23400.000060 Hz _»| v Enabied Sync freqf Source |1.000000 Hz v | Enabled
Input channel |L1=Left Input +| I messure only Input channel | R1=Right Input -|1 ' measure only

copy
Status: ok

COpy

Status: FPS peaks ok Close

Cloze

[ 12 input [v 113 input
Mode § algarithm |MSH demodulstar j Mode § algarithm |GPS aync vl MWE2, decodej
[ GPS phase lock [v GPS phase lock
Scope Option|[0] Spectrum | Scope Option |[3] Sync'd Input Waveform v |
Mlin amgl. |-50 dBfz Bitrate: [200.00 Hz Mlin amgl. |-50 dBfz MMEA hitrz |EEEEERINEY
Ud. oycle (10 = Bandwvicth (3000  Hz  Awrg |0 Ud. oycle |1 = Bandwvicth 1.0 Hz  Awrg 200
e deviation from inttial =ample rate 3.0 ppm e deviation from inttial =ample rate 3.0 ppm
curr. SR 191999232104 Hz == | in calib table; [191933.240532 Hz curr. SR 191999286106 Hz == | in calib table; (192000000000 Hz
SampR: start=191999.240892 Hz -0.045 ppm - GPS-Pulze: tH=100.0ms amgl: +80% -50% MMEL: 35% -
RefSig meas'd 23400001131 Hz, ampl=5837 .7 o Apply SR= 191999 264 Hz; MeanB0=191999 28611 Hz o Apply
Errar Integral=00351 Dec=324 Rhw=072 Hz StdDewB0= 001115 Hz ~~ 58.1 nsfzecond
) P Help " P Help
History ] History ]
0,021 0019 -0.023 -0.023 -0.026 -0.0258 -0.023 S3.791 -3 6T0 3708 23,793 23073 -5 608 36T A
(PRM) | 0 97 0,025 0027 -0.030 -0.035 0,043 -0 041 Show GRS (PRM) | 2 702 3 760 -3 696 -5 676 3,802 -3 630 3 73 Show GRS
clear || 0 042 .0.036 -0.042 -0.042 -0.048 clear || 3 772 .5.706 -3.641 3,833 v

or

When selecting one of the preconfigured sources from the Sync frequency/ Source combo, the program
will automatically adjust other parameters on this panel, as required. The screenshots above show a
typical configuration using a VLF transmitter with MSK modulation (minimum shift keying) on the left
side, and a typical configuration for a GPS receiver (with 1-pps-sync output) on the right side. The other
controls on this panel are explained in a later chapter (you will usually not need to modify them, at least
not if you picked one of the pre-configured references from the list).

Note
The 'Sync frequency / Source' combo is not just a drop-down list but also an edit field.
Click into the field to enter any frequency (below half the sampling rate, of course).

Don't forget to set the Enabled checkmark. It can be used to disable the correction temporarily (in the
presence of heavy noise aka QRN). If you only want to measure your soundcard's momentary sampling
rate (but not let SpecLab adjust other processing stages based on the measured sample rate), set the
'Measure Only' checkmark. If your receiver is a software defined radio with quadrature output, set the
checkmark I/Q input (in that case, the Q channel will be tapped at the 'Right' input, for example L1 =
Inphase, and R1 = Quadrature phase input).

After a few seconds, the SR detector has acquired enough samples to calculate the first 'true' sampling
rate (see principle below if you're interested to know how it works). If the reference signal is strong
enough, and a few other 'signal-valid' criteria are fulfilled, the Status field (at the bottom of the control
panel) will turn green.

The 'History' in the lower part of the panel shows the sample rate's deviation (in ppm) from the nominal
value, intended as an aid to compare the stability of different soundcards (the ppm values can be copied
and pasted somewhere else through the windows clipboard, remember CTRL-C and CTRL-V..) . If the
history shows a very 'jumpy' behaviour, the clock crystal of your soundcard may be too close to a heat
source, or near a cooling fan. This may render the soundcard useless for some applications - also see
soundcard drift measurements at the end of this document (it contains an example of a 'good' (low-drift)
and a "poor’ (rapidly drifting) soundcard.

The proper operation of the SR detector can be monitored on the integrated 'Scope' window (not to be
confused with SL's input monitors, and the time domain scope). For example, if a 'healthy' MSK signal is
being received, the Scope will show something like this:
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Sampling Rate Detector | Freguency Offset Detector

o =30 dA
. -401 4B
-A0 dA
-G0 dB
70 dB
-0 dB
-a0 dA
-100 4B
-110 4B
-120 dB
-130 4B
-140 4B

-130-100 80 60 -40 -20 0 20 40 GO 80 100 120 140 Hz

If the reference is an MSK signal, the scope shows the spectrum of the squared baseband signal. There
should be two peaks in the spectrum, symmetrically around the (invisible) 'carrier frequency', spaced by
the bit frequency. For example, an MSK broadcaster transmitting 200 bits per second will produce a line
100 Hz below the center frequency, and another line 100 Hz above the center. Both lines (peaks) are
labelled in the scope display; one with the offset from the center, the other with the difference between
both peaks in bits/second. This indicator is typically very close to the nominal bitrate (see screenshot); if
not, you may be tuned to a false signal.

If the reference is a coherent 'carrier' (like the AM carrier of a time signal transmitter, or a longwave
broadcaster), the scope will look simpler - ideally, it only shows the carrier, way above the noise level:

requency Error Compensation /' Calibration

Sampling Rate Detectar ] Frequency Offset Detector  SCope ]

20 dB
30 dB
-40 dB
50 dB
-0 dB
-70 dB
-850 dA
-0 4@
-100 dB
-110 dB
-120 4B
-130 dB

Fr 140 dB

10001.0  Hz

See also: Details about the 'scope' to monitor the operation , Settings for the sample rate calibrator,
OVerview .

9.1.4.1 Principle

Depending on the type of the reference signal, the sample rate calibrator uses ...

* anumerical controlled oscillator (NCO) with two outputs, 90° phase difference ("I/Q output"),
a complex multiplier ("I/Q" mixer), the reference signal is multiplied with the NCO's outputs like
in an "image cancelling zero-IF receiver",
and a chain of low-pass filters and decimators, with adjustable bandwidths.
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» a bank of Goertzel filters, each filter observes a narrow frequency band,
and emits a complex frequency bin every 10 to 30 seconds which is then processed as in the old
algorithm (see details in the appendix).

* aphase meter for the decimated I/Q-samples (or the Goertzel filter with the maximum output).
By comparing the phase in the current and the previous complex sample, the momentary
frequency can be calculated with a much higher resolution than the measuring time (a few
seconds) would allow in a simple 'frequency counter'.

* An interpolating detector for the sync pulse from a GPS receiver (typically with a one-pulse-per-
second output, aka 'l PPS'), described in a later chapter.

The phase meter produces a new reading every second (or, for the Goertzel filters, every 10 seconds).
From the difference of phase values, the new deviation of the sampling rate is calculated, and the
'calibrated' sampling rate (which is an input parameter for some other function blocks) will be is slowly
adjusted. Many (but not all) function blocks in SpecLab will benefit from this 'measured' sampling rate.
For example, if the main spectrum analyser uses extremely long FFTs (with decimation) to achieve a
milli-Hertz resolution, you will need this continuous calibration. A test showed that the clock frequency of
the audio device in a notebook PC could be 'shifted' by 1.5 ppm within half an hour, just by cooling the
notebook's underside with a fan (a 10 kHz signal was off by 15 mHz - see soundcard clock drift in the
appendix). In many cases the permanently running sampling rate 'calibrator' eliminates the need for an
external A/D converter (clocked with an oven-controlled or GPS-disciplined oscillator) !

Another example: With an E-MU 0202 (external audio device capable of 192 kSamples/second), it was
possible to compare the carrier phases of several VLF transmitters, using the German DCF 77 (time
signal transmitter on 77.5 kHz) as an ultra-stable frequency reference.

There are some additional function blocks in the frequency calibrator which detect the presence and the
quality of the reference signal. This prevents the 'calibrated' sample rate from running away if the
reference signal is bad or even missing. The 'pulling range' for the calibrated sampling rate can be
adjusted by the user.

Some parts of the calibration algorithm are explained in the appendix. The monitoring display (to check if
the SR detector operates properly) is explained here .

chapter overview

9.1.5 Settings for the sample rate calibrator in Spectrum Lab

There is a special control window for the sample rate detector ( / compensator ) in Spectrum Lab. To get
there, select "View/Windows".."Sample Rate Calibrator" from Spectrum Lab's main menu, or click on the
"SR calib" function block in the circuit diagram. It's not really a 'calibration', but this function allows to
compensate the soundcard's sample rate drift permanently.

9.1.5.1 Controls for the 'Sample Rate Detector'

The upper part of this tabsheet controls the sampling rate detector, selects reference frequencies, source
(left or right "audio" channel), and a few options on the right side of the panel shown below.

Sampling Rate and Frequency Correction X
: Zampling Fate Detector l Frequ. Offset Detector ] Scope ] Debug ]

Sync freql Source |1 O Hz [GPS pulse rate] - lE Enahilec
MESsUre only

Input channel |R1=Right Input - |— 142 input

Sync'd Resample |Dn|y ‘the other' channelz b |7 GPS phase lock
[ =ync pulze out
tode 7 algarithm |GF‘S zync v MWMEA decod [ GPS1slate

Screenshot of a part of the 'Sampling Rate Detector' panel in SL,
here configured for a GPS receiver with NMEA decoded via soundcard.
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Sync Frequency (Hz) / Reference Source :
The known frequency of the reference signal (as it should be). Please note that the sample rate
detector uses audio, or "baseband" frequencies but not "radio" frequency. A number of predefined
frequency references can be picked from this list, too. Picking one of the references from the list
may automatically change some other parameters (like the mode/algorithm field) . For example,
selecting "GPS, 1 pps" from the list will automatically set the 'Mode/algorithm' to 'GPS sync with
NMEA decoder' (see below).

Input Channel
Defines where the reference signal is taken from. Choices are 'LEFT input' or 'RIGHT input' if the

program runs in stereo mode. For I/Q input, the 'quadrature' component (Q) will be the
complementary channel, for example I=L1, Q=R1, etc.

Synchronized Resampling

If this option is activated, the SR detector will be closely tied to Spectrum Lab's Input Preprocessor:
The SR detector continuously measures the current sampling rate from the input device
("soundcard"), and the preprocessor's resampler converts the stream into a sequence with exactly
the nominal sampling rate. For example, even if the soundcard's sampling rate drifts around
between 47990 and 48001 samples per second, the output (from the preprocessor to labels 'L1' and/
or 'R1' in the circuit window) will be 48000.000 samples / second, depending on the quality of the
reference.
If there are two active input channels (labelled LO/RO in the circuit diagram), the combination of
'Input Channel' and 'Synchronized Resampling' affects which of the two channels is routed from L0/
ROto L1/R1 :
'Input channel' for the calibrator = R0
'‘Synchronized Resampling' = "only 'the other' channel(s)"

RO (right audio channel) delivers NMEA and sync pulse from the GPS.

LO (left audio channel) delivers, for example, a VLF signal.

This is the combination used when the screenshot of the circuit window (below) was made;

and it's the method of choice for the amateur VLF-BPSK experiments in 2015.

L1
QI ; I
Lett s

Pregproc
ADC dec=4 =T

Right
RO Bl
> oy
Screenshot of the A/D converter block connected to SL's input preprocessor.

'LO' = left channel, directly from the soundcard, here approximately 192 kSamples/second;
'RO" = right channel, directly from the soundcard, feeds GPS sync+NMEA into the calibrator.
'L1" = output from preprocessor to the rest of the circuit with exactly 48 kS/s;

'R1": not connected due to the configuration of the Sampling Rate Detector (!)

'Input channel' for the calibrator = R0

'Synchronized Resampling' = "all channels"
Both inputs (LO and RO) run through the resampler to bring their sampling to the nominal
value. Quite useless for GPS-sync, but makes perfect sense for other references (like MSK
transmitters on 'the same band' or 'on the same antenna' as the measured signal).

'Input channel' for the calibrator = R0

'‘Synchronized Resampling' = "all input channels"
Both inputs (L0 and RO) run through the resampler to bring their sampling to the nominal
value (routed to L1 and R1).
Quite useless for GPS-sync, but makes perfect sense for other references (like MSK
transmitters on 'the same band' or 'on the same antenna' as the measured signal).

'Input channel' for the calibrator = R0

Spectrum Lab Manual V 2.96 132 /294


../html/frqcalib.htm#SR_detector_controls
../html/frqcalib.htm#continuous_sr_calib_principle
../html/circuits.htm#input_preproc
../html/circuits.htm#signal_R1
../html/circuits.htm#signal_L1
../html/circuits.htm#signal_R0
../html/circuits.htm#signal_L0
../html/circuits.htm#input_preproc

Synchronized Resampling' = "none (don't resample)"
LO is directly connected to L1, and RO is directly connected to R1, because nothing is

resampled (at least not within the preprocessor).
The sampling rate is continuously measured but not corrected by resampling.

Mode / algorithm
Allows to switch between the 'old' algorithm (which is basically a phase meter for the reference
signal), the Goertzel filters, the MSK demodulator, and the GPS sync pulse / NMEA decoder. The
'mode' setting also affects the Scope display.

Enabled
Must be checked to activate the sample rate calibrator .

Measure Only
Used during development or for "testing purposes". If this checkbox is marked, the sample rate is

measured, but the other components in Spectrum Lab are not affected (they keep using the constant
'calibrated' sample rate from the table on the audio settings panel).

I/Q Input
May only be set if the signal source uses in-phase and quadrature, which is often the case with
software defined radios and similar downconverters with complex output.

GPS phase lock

This highly experimental option can only be used if the reference (source) is a GPS receiver with
sync pulse output (pps). When checked, all oscillators, sinewave generators, etc inside the software
don't use the number of samples acquired from the soundcard as argument, but the precise time of
day from the GPS receiver's NMEA- and sync output. The phases of most oscillator outputs will
then be phase-locked to the GPS sync pulse. At midnight (precisely, at 00:00:00.0000 'GPS time',
which is close to UTC), all circuit components which can be 'locked' to GPS this way (see list
below) will reset their phase angles (or sine wave arguments) to zero. Such phase jumps do not
occurr if the oscillator frequency is an integer multiple of 1 Hz / ( 24 * 60 * 60 ) . If the frequency is
an integer value (i.e. a multiple of 1.0 Hz), there will be no phase jump, and the phase noise may be
slightly less than at arbitrary frequencies.
Circuit components affected by this option are :

* The sine wave outputs in the Test Signal Generator (unless they are frequency modulated)

* Most (but unfortunately not all yet) of the digimode encoders (PSK, FSK, ASK,..)

* The 'oscillators' for frequency shifters (‘mixers') before the main analyser's FFT, when

configured for "Complex input with internal frequency shift".

GPS 1s late ("GPS / NMEA output one second late")
Only has an effect in mode 'GPS sync with NMEA decoder'. If the GPS-based timestamps are one
second late, set this option. For details, see Checking the GPS NMEA timing'.

Min. Reference Amplitude
If the strength of the reference signal is less than this value, the sample rate calibration will be
temporarily disabled (important if you use 15625 Hz as reference and someone turns the TV oft!).
A typical value is -80 dBfs, wich means "80 dB below the maximum level which can be handled by
the ADC). Keep the amplitude of the reference signal as low as possible (typically about -60 dBfs)
to leave enough headroom for other signals you want to measure.
The current (measured) signal strength is displayed in the lower part of the control window.
Periodicity
Rarely used, and only works with the Goertzel option. The only known use was for the Russian
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'Alpha' VLF transmitters, which do not send a continuous signal but a periodic sequence which
repeats 0.2777777 times each seconds.
This periodicity causes multiple spectral lines (separated 0.2777777 Hz from each other), which the
calibrator must know to avoid 'locking' on the false line (because the strongest 'Alpha’ line is not
always the one with the nominal frequency). If you pick one of the 'Alpha' frequencies in the
Reference Frequency list, the Periodicity field (in Hz) will be automatically filled. For normal
(continuous wave) reference signals, leave this field empty.
If the mode is set to GPS sync / NMEA, the periodicy field is used to enter the serial bitrate of the
GPS receiver's NMEA output, which is important for decoding the GPS time.

Update Cycle :
Number of seconds per measuring interval. Longer intervals (10 or even 30 seconds) are preferred
because they allow frequency measurements with better accuracy. On the other hand, if the
soundcard's sampling rate drifts rapidly (as can often be seen with internal soundcards), shorter
intervals (less than 10 seconds) can give better results, because even "short excursions" of the
sampling rate will be compensated.

Observed Bandwidth
Defines the width of the frequency window for the sample rate. A typical value is 0.5 Hz (for a
15625 Hz reference). If the bandwidth is too low, the phase meter may not "see" the reference signal
if the sample rate is too far off. If the bandwidth is set too high, the phase meter gets less immune to
noise. If a the calibrator uses a bank of Goertzel filters (to observe the band), the CPU load depends
on the observed bandwidth, because the larger the bandwidth, the more Goertzel filters must run in
parallel (each Goertzel filter has a bandwidth of approximately 0.1 Hz).

Max. offset (from calibrated sample rate)
The initial value for the ADC's sample rate is taken from a table in SpecLab's 'audio settings'. The
deviation between the sample rate in the table and the result of the calibration procedure must not
exceed a certain value, like this:
Sample Rate from calibration table in the 'audio settings': 44103 Hz
Max Deviation: 5 ppm -> true calibrated sample rate = 44103 Hz +/- 5 ppm = 44103 +/- 0.2 Hz =
44102.8 .. .44103.2 Hz.
(Note: this has nothing to do with the 'nominal sample rate' 44100 Hz, so you should do a first
'coarse' calibration for your soundcard before activating this function. The reason why only a small
'deviation' range should be used is to have a good starting value for the narrow-band phase meter. )
A typical soundcard oscillator drift, after booting up a "cold" PC, can be found in the appendix . For
PCs operated indoors, or at a relatively 'constant' temperature, 5 ppm should be sufficient.

Current sample rate
Displays the currently calculated sample rate. You cannot edit this field, but copy its contents into
the clipboard. Mark the text with the mouse and press CTRL-C to copy into the windows clipboard.
You can then insert the copied value as a "very good starting point" into the calibration table in
SpecLab's audio settings screen.

Values displayed on 'Sample Rate Detector' control panel

Depending on the mode / algorithm settings ( phase meter / MSK demodulator / Goertzel filters), the
following values may be displayed on the SR detector's control panel :

SampR : start = <freq> Hz + /- <dev> ppm
Shows the initial sampling rate (usually taken from the 'calibration' table on the audio settings
panel), and the currently measured offset in ppm (parts per million).

Reference signal strength, quality, and / or currently measured frequency :
If the 'simple phase meter' is used, this line shows the signal strength after narrow-band filtering and
the signal to signal-plus-noise ratio ( "S/(S+N)" ). The S/(S+N) value compares the amplitude of the
narrow-band filtered value against a medium-bandwidth value, usually ten times the narrow-band
value.
If the Goertzel filters (DFT) is used, this line shows the frequency of the reference signal (i.e. the
"strongest peak" in the observed frequency range), and the signal strength in dBfs (dB "over full

Spectrum Lab Manual V 2.96 134 /294


../html/settings.htm#sr_calib_table
../html/settings.htm#sr_calib_table

scale", thus always negative).

Error Integral (only active when using the Goertzel filters) :
Shows the summed-up products of frequency difference ("measured" sampling rate minus
"predicted" sampling rate) from each measuring cycle, multiplied by the measuring interval time in
seconds. Thus the unit of this 'integral' has no unit (it can be considered Hertz * seconds, though). If
the sampling rate doesn't drift at all, or drifts at a constant, linear rate, the "predicted" sample rate
(for the end of the next measuring cycle) will be equal to the "measured" sampling rate, and the SR
Error Integral will be zero.
Note: Long-term phase observations (for ionospheric studies, etc; using the pam function) only
make sense if the error integral stays almost zero; i.e. the drift must be very low or at least
predictable. Internal soundcards are usually not suited for such long-term phase measurements, but
some external audio devices (especially USB devices in "large boxes") are.
Internally, the a fraction of the error integral is used to steer the 'predicted sampling rate' (until the
end of the next measuring cycle) to minimize slow drifting effects in long-term phase
measurements. The error integral can be reset (cleared) by clicking the 'Apply' button on the Sample
Rate Detector panel - it simply restarts the detector, which includes "forgetting" old values.

Rbw: Receiver Bandwidth (in Hertz)
Depends on the mode, but is usually dictated by the update cycle .

Decimation (only displayed when the calibrator uses a narrow-band reference signal) :
Shows the scheme how the high audio sample rate and ADC bandwidth (like 44100 samples/second
and 22050 Hz bandwidth) is reduced in chain of decimator stages down to the phase meter's sample
rate and bandwidth (like 1 sample/second and 0.5 Hz bandwidth). Every decimator stage can reduce
sample rate and bandwidth either by 2 or by 3, the total decimation ratio is also shown here. With a
large decimation ratio, you can use signals buried in the noise as reference !

Phase angle (only displayed when the calibrator measures the phase of a reference signal) :
Shows the actual value of the phase meter (reference signal - oscillator). The displayed value should
be constant, only a small phase jitter is unavoidable (usually below 0.5 ©).

System time minus GPS time (only displayed in the 'GPS sync' modes) :
Shows the current difference between the PC's internal system time and the time extracted from the
GPS data (sync pulse and NMEA if possible).
If only the GPS sync pulse ("PPS" signal) is connected, but not the NMEA data output, the integer
part of the time difference is meaningless because in that case, Spectrum Lab can only "guess" the
GPS time.
If only the PPS signal is connected, the fractional part of the time difference must be well below
500 milliseconds. The same value can be retrieved via interpreter function sr_cal.systimediff .

Status:
If this panel is green, everything is ok; otherwise the text shows what may be wrong, for example:
"SR range exceeded"
"S/(S+N) ratio too bad"
"Reference signal too weak", etc.

chapter overview

9.1.6 Continuous detection (+'"calibration?") of a frequency offset

The frequency offset detector works similar like the sample rate detector (see previous chapter). The
result from the frequency measurement is not used to determine the (corrected) sample rate. Instead, the
frequency difference (deviation) between a reference frequency and the measured frequency is
calculated. This can be used to...

* compensate a slowly drifting oscillator in an external receiver

* measure small changes in the frequency between a well-known "reference" signal and an
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unknown "received" signal

» correct the frequency error for the display by subtracting it from the frequency shift for the

complex FFT.
» steer the VFO (in SpecLab's test circuit) to compensate the offset in the time domain

(Note: The detection of the soundcard's sampling rate AND the frequency offset detector can run
simultaneously, but you need two different reference signals then. For example: one reference signal at
15.625 kHz to "calibrate" the sampling rate, and another like 1000 Hz to detect the frequency drift in your
shortwave receiver. To calibrate your receiver, the 2nd reference signal must be produced in your receiver,
of course. Details below).

To activate the frequency offset detector from SpecLab's main menu, select
"View/Windows" ... "Frequency Offset Detector".
A small control window opens, where the following parameters can be set:

Enabled:
Must be checked to start the F.O. calibrator.

Source channel:
Select the LEFT or RIGHT input channel of the soundcard (unlike other function blocks in
SpecLab, this one cannot be connected to any signal in the signal processing chain !).
If the input (into SpecLab) is a complex aka "I/Q"-signal, set the source to "BOTH inputs
(complex)". In that case the frequency offset detector can process positive as well as negative input
frequencies.

Reference Frequency (Hz):
The known frequency of the reference signal (as it should be). Please note that the frequency offset
detector uses audio, or "baseband" frequencies but not "radio" frequency. So, in this field, enter the
AUDIO (or "downconverted") frequency. A number of predefined frequency references can be
picked from this list, too. Picking one of the references from the list may automatically change
some other parameters (like the mode/algorithm field) .

Min Reference Amplitude (dB):
The detector will be passive if the amplitude of the reference signal is below this value. This
prevents "running away" if the reference fails.

Max Offset (Hz):
This is the maximum "pulling range" for the detector. In most cases, this field will be set to the
same value as the "observed bandwidth" below.

Observed bandwidth (Hz):
This is the bandwidth of phase meter (which is used internally used to measure the frequency offset;
unless the Goertzel filters are in use). If your receiver may be "off" by +/-0.5 Hz, set the 'observed
bandwidth' to 1.0 (!) Hz. Otherwise the detector may not be able to "see" the initial frequency of the
reference signal and never lock on it.

Actual Peak Frequency:
Shows the "main peak frequency" within the detector's bandwidth. Can be used for high-precision
frequency measurements, but depends a bit on the signal/noise ratio (within the detector's
bandwidth).

Averages:
Can be used to suppress unstable reference signals, and reduce the effect of pulse-type noise. "50"
means, the "average offset value" is calculated from the last 50 values from the phase meter.
Practical values are 50...200. If the displayed average frequency offset appears to be "too noisy"
(see below), increase the number of averages. If the detector reacts too slow, reduce this number.

Avrg Offset:
Shows the current output of the detector, which can optionally be used to enhance the accuracy of
the main spectrum analyser (when running in "complex FFT mode with frequency shift"), and in the
time domain scope (when used as a "phase meter"). The frequency error measured with the
frequency offset detector can be "subtracted" by the local oscillator which sets the "center
frequency" of the FFT and the scope's phase meter.
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In the lower part of the window, some other values are displayed which were used during program
development. One of them is the "signal / (signal+noise)" ratio, which is a crude indicator for the
reference signal's quality. If the quality is very poor, the "result" of the frequency offset detector freezes,
and the detector's "status" indicator turns yellow or even red (which can also be seem on the circuit
window).

RED = "Reference signal too weak"
YELLOW = "Signal to noise ratio of reference signal too bad"

To calibrate a drifting receiver, you must find a way to feed a add a weak but very stable reference signal
to the antenna input, which produces a suitable audio tone in the output. Use your imagination - and an
oven controlled crystal oscillator, and a chain of dividers/multipliers, or a programmable DDS generator.

chapter overview

9.2 Frequency References

The following list contains a few frequency reference sources which can be used by SL to measure the
sample rate. Some of them are listed in the 'Reference Frequency' combo of the sample rate calibrator, so
you don't need to type in the frequencies yourself.

* The 1-pulse-per-second output of a good GPS receiver (jitter less than a microsecond). Since SL
V2.76, receivers with 1 pps are directly supported (no need to lock to a 'harmonic' for these signals
anymore). Details on using a GPS receiver with pps output follows in a later chapter. BTW, using
a GPS receiver (especially such a sensitive one like the Garmin GPS18x LVC) is now the author's
first choice.

* The output from an ovenned crystal oscillator (OCXO), divided down into the audio frequency
range. Such 'large canned oscillators' can be found on hamfests or auctions, since they are widely
used in wireless communication equipment. 5 or 10 MHz are common frequencies for such
oscillators.

* The divided-down carrier frequency of a longwave time-code transmitter like MSF (60kHz),
DCEFE77 (77.5kHz), or similar. Use a PLL cuircuit to recover a 'clean' carrier signal, then (for
example) divide 77.5kHz by 31 or 60kHz by 24. The result should be a very stable 2500 Hz signal
which can be fed into the soundcard. If you have a soundcard which supports 192 kHz sampling,
you don't need any hardware because the soundcard should be able to receive 77.5 kHz directly
with a few meters of wire.

* Some Navy transmitters in the VLF spectrum (17 to 24 kHz, or up to 90 kHz if the soundcard
permits) can be used as a reference signal, if they use MSK modulation (minimum shift keying),
and don't insert more-or-less arbitrary phase jumps in the transmitted signal. At least some of those
"broadcasters" seem to have their carriers locked to atomic clocks or GPS standards. In that case,
and if they are not too far away (i.e. within "groundwave distance"), they can be used as
references for the soundcard sampling rate correction. Most of the European transmitters can be
picked from the 'Reference' combo list on the 'Sampling Rate Detector' control panel. So far, the
system was only tested with DHO38 (MSK200 on 23.4 kHz), because that transmitter was close
enough for groundwave reception (even during nighttime). Beware, DHO38 used to be off air
once or twice a day, and the frequency is not exactly 23.4 kHz.

* Some longwave broadcasters (like the BBC's Droitwich transmitter on 198 kHz) use Rubidium
standards for their carrier signal. In western europe, use a simple PLL oscillator, and divide the
signal down with a cheap CMOS circuit (only required if you don't use a software defined radio
like SDR-IQ or Perseus, which can be tuned to any frequency in the LF, MF, or HF spectrum).

* Any of the Russian 'Alpha' (aka RSDN-20) VLF transmitters on 11 to 14 kHz; their exact
frequencies can be picked from the 'reference frequencies' combo. When doing that, the
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'"Periodicity' field will automatically be set to 0.277777 Hz (= the repetition frequency of the
"beeps", 1 /3.6 seconds). Some details on using the Alpha beacons as a frequency reference can
be found in the chapter about the Goertzel-filter-based calibrator.
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Update: It is questionable if the TV sync frequency still has this precision, now that everything (in
Europe, even terrestrial transmissions) are digital. The sync frequencies *may* be generated by a
cheap computer-grade crystal in the set-top box of your TV, so in case of doubt use one of the
other sources... preferrably a GPS receiver with PPS output.

5 a-fow ; g as: Not many FM stations have their 19 kHz
pilot tone locked to an atomic clock, at least not in Germany.

* Any other reference can be used, as long as it can be processed with the audio card. If the ADC
supports a sample rate of 44100 Hz, the reference signal can be everything between 16 Hz ... 22
kHz.
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9.2.1 Goertzel Filters (for the continuous sample rate calibrator)

Depending on the checkmark 'use Goertzel' on the configuration tab, a bank of Goertzel filters is used to
calculate a complex DFT (discrete fourier transform) over a narrow frequency range. Each filter measures
a frequency for 30 seconds, with a frequency bin width of approximately 0.033 Hz (the effective
bandwidth is a bit more due to the Hann window).

One of the Goertzel filters will (hopefully) catch the 'peak’ of the reference signal - ideally in the center
frequency bin. The phase angle in the output of the filter with the maximum amplitude will be compared
with the previous value (from the same frequency bin). This phase difference (between the most recent
and the previous complex value) is used to measure the intantaneous frequency of the reference signal,
with a much higher resolution than the DFT's frequency bin width (which, as noted above, is about 0.1
Hz). Along with the phase angle, the program can determine the frequency to a few micro-Hertz (!) even
though the measuring interval is only 10 seconds.

The result of this calculation, along with the narrow-band spectrum of the observed frequency
range, is displayed on the 'Scope' tab in the Sample Rate Calibrator window.

Displaying the 'measured' frequency with so many digits is usually 'overkill', but it helps to check
devices with oven-controlled or temperature compensated oscillators. But the reference signal must
have a very good SNR (like the signal in the screenshot below) for the micro-Hertz digit to be
useful. The device under test was an E-MU 0202 at 48000 samples/s .

9.2.1.1 CPU load caused by the Goertzel filters (and how to reduce it)

Depending on how the calibrator is configured, it may cause a significant extra CPU load on your system.
For example, if the sample rate calibrator shall observe a 1.5 Hz wide band with 33 mHz resolution (per
frequency bin), there will be 45 (!) Goertzel filters running in parallel, each at 48 kSamples/second. On a
1.6 GHz Centrino CPU, this example used 12 % CPU time (from one CPU).

Fortunately, in a normal environment, the soundcard's oscillator will drift less than one ppm (parts per
million) after warm-up, so you will get along with a much smaller 'observed bandwidth' - which reduces
the CPU load caused by the Goertzel algorithm. See the soundcard drift tests in the appendix to get an
idea about the really required bandwidth : If the soundcard's sampling rate has been properly pre-
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calibrated, the observed bandwidth only needs to be a few ppm (parts per million) of the reference
frequency.

9.2.2 Periodic reference signals (with multiple lines in the spectrum)

For certain reference sources (see next chapter), it is necessary to use very narrow bandwidth for each
filter (DFT frequency bin). For example, the Russian VLF 'Alpha' navigation beacons (or RSDN-20) send
short 'beeps' every 3.6 seconds, which results in a spectrum of individual lines spaced 0.277777 Hz, as
explained in an article at www.vlf.it by Trond Jacobsen. With a 10-second measuring interval it is just
possible to see the individual lines in the spectrum, but a larger measuring interval is recommended -
especially when looking at a typical 'onboard' audio device's clock frequency drift (see appendix:
soundcard clock drift measurements ).

For that reason, if you select one of the three active Alpha frequencies in the list, the program will
automatically adjust some other parameters .. including the 'Periodicity' field because the decoder needs
to know that, in this case, the reference signal is not a continuous wave, and the output of the Goertzel
filters will produce multiple lines in the spectrum which all belong to the same signal. But the SNR may
be poor, and the signals may suffer from phase changes caused by Ionospheric reflection, so don't expect
too much accuracy (in comparison with a local, continuous wave reference).

The algorithm will first scan the spectrum for the largest peak, and -starting there- looks for other peaks
which match the periodicity criterium (0.277777 Hz spacing for the Alpha VLF transmitters). The result
may look like this on the scope panel:

-G0 dB

-T0 4B

-850 4B

-a0 dB

BFr-100 dp

S 110 4B
-120 dB
130 dB
140 dB

119042 11304.4 119046 119048 119050 119052 114905.4 Hz

The main peak is marked with the measured frequency (under the assumption that the soundcard still runs
at the initial sampling rate), all weaker peaks which obviously belong to the reference signal are marked
with relative frequencies as multiples of the nominal periodicity (‘spacing' in frequency). For example, '-
3.9994' shown in the graphics means 'this peak is 3.9994 times 0.2777777 Hz below the strongest peak’,
etc. Only peaks which are spaced at (almost) integer multiples of the periodicity are involved in further
processing. Peaks below the threshold amplitude (*) are discarded, as well as peaks on obviously 'wrong'
frequencies, or peaks which are 10 dB weaker than the main peak. If none of the peaks is close enough to
the expected reference frequency, the program uses the measured periodicity value (if 'close enough' to
0.277777 Hz) to find out which peak is the right one. Unfortunately, at the moment this requires a very
good SNR (signal to noise ratio) ... so it's more or less a wild guess at the moment ... but this may be
improved by 'intelligent averaging' in a future release of the software.

(*) the threshold amplitude, in dBfs, is indicated as a green horizontal line in the scope display

chapter overview

9.2.3 GPS receivers with one-pulse-per-second output (1 PPS output, aka time synch
output)

(added 2011-04-10)
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9.2.3.1 Principle and required hardware for GPS synchronisation

Besides GPS disciplined frequency standards, or even Rubidium or Caesium standards (atomic clocks),
some modern GPS receivers are equipped with a PPS output which can be used as a reference signal.
Beware, some models are accurate but not precise, others may be precise but not accurate. The author of
SpecLab even encountered one unit (btw, not a Garmin) which appeared to be precise (almost no jitter
when observing the PPS output on a fast digital storage oscilloscope) but turned out to be not accurate at
all - in fact, the PPS output was present on that particular receiver even when no GPS reception was
possible - the accuracy was only up to a cheap computer-grade crystal oscillator.

A Garmin GPS 18x LVC(!) receiver gave good results, when used in combination with an E-MU 0202
audio device running at 192 kSamples/second, using the ASIO driver. Most of the GPS-related
measurements shown in this document were made with this 'passive' combiner / voltage divider for the
PPS- and the NMEA-signal :

GPS NMEA I PPS combiner
1 3K3

22K

NMEA-input 180 R
4800 ... 19200 bit/ s

If the NMEA output, or the PPS/NMEA combiner shown above is not available, the program can
optionally use the PC's system time instead of date and time decoded from the NMEA output. In that case,
only the PPS signal (sync pulse) needs to be routed from the GPS receiver into the soundcard, using a
simple voltage divider. But this only works if the system time is sufficiently accurate, with a difference
between system time and UTC well below 500 milliseconds. More about the two different GPS-sync
modes (with or without NMEA) in a later chapter.

Recommended signal levels :
PPS signal (synchronisation pulse) : signal amplitude between 40 and 90 % of the soundcard'’s
clipping level ("full scale").
NMEA data (serial output, optional, 4800, 9600, or 19200 bit/sec) : signal amplitude between 25
and 50 % of the PPS signal (!) .
The simple voltage divider shown above turns the 5 Volt swing of the PPS signal into 270 mV
(peak) for the soundcard,
and the serial output (+/-6 V, RS-232 compatible) into 100 mV (peak) for the soundcard.
For receivers with a TTL level output for the serial data, modify resistor accordingly (10 kOhm
instead of 22 k).
See details, and a sample waveform, further below.

Note:
Keep the leads between the GPS output (especially the PPS signal), the voltage divider, and the
input to the soundcard as short as possible. The PPS rise time must be as short as possible - ideally
in the range of a few ten nanoseconds, even if the soundcard's sampling interval may be as large as
5 microseconds ! Without a 'steep' rise, the pulse location cannot be located accurately by the
software. You can tell that by the waveform of the interpolated pulse.

The PPS signal must be routed to the soundcard 'line' input, using a voltage divider close to the
soundcard's analog 'line' input to avoid overloading it. It may be possible to feed the GPS receiver's serial
NMEA data stream into the same soundcard. This allows to retrieve also the calendar date and time from
the GPS receiver, not just the time sync pulse (beware, an ancient GPS receiver -not a Garmin- only
emitted the UTC time, but not the date). To use the same input line for both PPS + serial NMEA data,
both signals must not 'overlap' in time, see sample oscillogram below. The Garmin GPS 18x LVC(!)
fulfils this requirement, after setting the baudrate for the NMEA output to 19200 bits per second. This can
be achieved with Garmin's 'Sensor Configuration Software', SNSRCFG_320.exe or later. Lower bitrates
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like 9600 bits/second are be possible if you can manage to turn off all 'unnecessary' NMEA sentences like
$GPRMC, $§GPGSYV, etc. With the GPS 18x LVC configured for GPRMC + GPGGA only (which is
sufficient for this purpose), 9k6 serial ouput was ok, and was error-free decodable with a soundcard
running at 32000 samples/second (to reduce CPU load for a timestamped VLF 'live' stream).

If a combined PPS+NMEA signal shall be used, the amplitude of the PPS signal must be at least two
times larger than the NMEA signal - see the example below, from the GPS 18x LVC, with NMEA output
at 19200 bits/second. The 'single large pulse' on the left is the PPS signal, the 'data burst' in the center are
the NMEA sentences, emitted each second. Note the absence of overlap between the sync pulse (PPS
signal) and NMEA data burst, and the significantly lower amplitude of the NMEA signal, which is
essential for the software to work properly:

SR=191393.303 Hz SR=47999 656 Hz
| PC=141 EC=4

0.4

0.8
PPS
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NMEA data from a Garmin GPS 18 LVC via line-input of an E-MU 0202 (left) and Jupiter GPS via
notebook's microphone input (closeup, right)

With certain receivers (or receiver configurations), the NMEA data burst may be critically close to the 1-
second pulse. Here are two examples from a Garmin GPS 18 LVC, the 1st with a 'less ideal' configuration
(more on that in another document) :
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Note:
It's impossible to feed the PPS signal through a serial port into the program. It must be fed into the
same soundcard (or similar A/D conversion device) which also digitizes the analysed analog signal,
because otherwise there would be an unpredictable latency between the clock reference and the
analysed signal.

If the CPU power permits, run the soundcard at the largest supported sampling rate (SR). For example, a
soundcard which truly supports 192 kSamples/seconds & delivers one sample point every 5.2
microseconds. But with some DSP tricks, the software is able to locate the position of the digitized PPS

signal up to a resolution (not a precision) of a few dozen nanoseconds. Only this allows measuring the SR
to fractions of a Hertz once every second .

Example: If the PPS signal was 'off' by 5.2 microseconds (= one audio sample time) between two pulses,
the measured SR would be off by one Hertz (1) :
192000 Hz * (1 +5.2*%10"-6 ) = 192001 Hz. See notes on the standard deviation of the
measured SR at the end of the next chapter.

*) Beware, some crappy audio cards claim to support 192 kS/s, but remove all signals above 24 kHz. It
doesn't make much sense to run them at sampling rates above 48 kS/s !

9.2.3.2 How-To.. use a GPS receiver with PPS output to synchronize the soundcard's sampling
rate

1. Select 'Components' .. 'Sampling rate detector' in SL's main menu.

2. On the 'Sampling Rate Detector' tab, open the 'Reference freq.' combo, and pick 'l Hz (GPS
1pps)'.
The program will automatically adjust a few other settings then, most notably:
The field 'Mode / algorithm' will be set to 'GPS sync w/ NMEA decoder' .

3. Select the source channel. This usually 'R1' (= the right input channel from the soundcard);
because the left channel ('L1') is already occupied by the analog source.

4. (A) If you built the PPS+NMEA combiner, and want to let the program decode the NMEA stream
via soundcard, enter your receiver's serial bitrate ("baudrate") for the NMEA output. This is
usually 9600 bit/second if you can turn off all 'unnecessary' NMEA telegrams (possible with the
Garmin GPS 18 LVC). 4800 is usually too slow, because in that case, the NMEA signal would
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overlap with the PPS signal as mentioned in the previous chapter.
Make sure that 'Mode / algorithm' is set to GPS sync with NMEA decoder'.

or

(B) Without the PPS+NMEA combiner, only the GPS sync pulse ("PPS") can be fed into the
soundcard. For this mode, set

'Mode / algorithm' on the Sampling Rate Detector panel to GPS sync without NMEA.

Caution: Method B is only possible if the PC's system time is accurately set (difference between
the PC's system time and the GPS second way below 500 milliseconds) !

The difference between the PC's system time and (minus) the GPS timestamp can be examined as
described here.

5. Set the 'Enabled' checkmark if not already done. Uncheck the 'Measure Only' option (otherwise
the soundcard's sampling rate will be measured and displayed, but not taken into account by the
rest of Spectrum Lab's components).

6. Switch to the 'Scope' tab (within the calibration control window) and make sure the PPS pulse is
visible there. See chapter 'Checking the GPS PPS signal'.

The PPS signal amplitude must exceed 10 % of the audio input's clipping level, but shouldn't
exceed 80 % of the clipping level.

The NMEA signal amplitude must not exceed half the amplitude of the PPS signal, but shouldn't
be less than 10 % of the clipping level. See details in the previous chapter, titled GPS sync
hardware.

After two seconds(!), the SR detector status (indicator near the bottom of the 'Sampling Rate Detector’
tab) should turn green, and the sample rate deviation gets dumped into the 'History' window (numeric
value in ppm). The proper function of the GPS receiver, and the SR detector can be monitored on the
same tab. Example:

GPS-Pulze: tH=100.0ms ampl: +64% -73% NMEA: 25%
SR=191999.055 Hz; Mean60=191999.04745 Hz
StolDesyB0= 0 007E0 Hz ~~ 39 6 nsizecond

| System - GPStime: 324 ms

HISEOrY | 1) 542 +) 260 +).516 +0.258 +0.526 +0.220 -
CRRM | 401 526 +0.194 +0 520 +0 242 +0 301 +0 240

clear | |+0.247 +0.504 +0 236 +0 306 +0 256 +0 263

copy | |H1L275 0,311 +0.267 +0 316 +0 245 +0 320 ~
Status: PPZ peaks ok

The parameters shown on the SR Detector tab are (..subject to change..) :

GPS-Pulse : tH = <logic-high pulse duration of the sync pulse, typically 100 ms>
ampl = < positive and negative peak amplitude, relative to full scale>
SR= < current measured sample rate, from last second> Mean60=<mean / average over 60 seconds>
StdDev60= < standard deviation of the measured sampling rate, from last 60 seconds>
also scaled into 'nanoseconds per second' = ppb (parts per billion)

A standard deviation of approximately 30 nanoseconds per second (one PPS interval) was measured with
a Garmin GPS 18x VLC, connected to an E-MU 0202 running at 192 kSamples/second for a few hours in
a thermally 'stable' environment. Don't be fooled by this, it's not the accuracy of the system, since the
GPS 18x datasheet specifies an accuracy of the PPS output of +/- 1 microsecond at rising edge of the
pulse. Fortunately, the Garmin's PPS output jitter was way below 1 us, and the sync pulses from two
receivers were less than 40ns apart (with 12 satellites in view).

Note: The EMU-0202 and a few other cards inverted the pulse polarity ! The software automatically
corrects this, by examining the PPS signal's duty cycle: If the time between rising and falling edge of the
PPS signal exceeds half the cycle time (i.e. 0.5 seconds in most cases), the signal is inverted. Thus the
"interpolated PPS signal', displayed on the SR calibrator's scope tab as explained in the next chapter,
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always shows the 'important' rising edge.

9.2.3.3 Checking the GPS PPS signal

The waveform of the interpolated GPS pulse can be observed on the calibrator's scope panel. A 'good'
pulse rises within a few microseconds (limited by the soundcard), as in the following screenshot on the
right. Some GPSes emit very short pulses (e.g. Trimble Thunderbolt E : 10 us), which should look as
shown on the left screenshot below. The standard deviation in the recent 60 sync pulses is also shown
here ("SD"), because it's a good quality- and jitter indicator.

Sampling Rate and Frequency Correctionn Sampling Rate and Frequency Correctionﬂ

Sampling Rate Detedur] Frg Offset Detector

l Debug ] Sampling Rate Detecturl Frg Offset Detector SCope l Debug l
SR 2 Hz 3 £33

SR=191998.633 Hz

SD=66.6 ns

Waveform of the interpolated pulses of the PPS signal.
Multiple pulses are superimposed to check for noise / jitter.
Left: Very short pulse, or differentiated pulse edge for centroid calculation.
Right: Rising edge of a 'long' pulse, not differentiated, used by old algorithm.

The green horizontal line in the center marks one sample interval (here: 1 / 192kHz = approx. 5.2 us ).
The yellow curves show subsequent pulses (option 'slow fade image' in the context menu); they should
ideally coincide. If they don't (but turn into a broad blurred mess), there's a problem with jitter, noise,
hum, or a bad soundcard. The orange curve shows the most recent pulse, small circles are the interpolated
points (can also be activated through the context menu, i.e. mouse click into the curve area). As in some
other scope modes, you can zoom into the graph by pulling up a rectangular marker - see next chapter.

9.2.3.4 Checking the GPS NMEA signal (and decoding it via soundcard)

Again: You don't need to have the NMEA output if the GPS receiver shall 'only' be used to improve the

accuracy of the soundcard's sampling rate. But with a GPS receiver with a PPS- and a serial NMEA-

output, the latter can be decoded through the soundcard (and you will have a reliable time source for free,

even when not connected to the internet). First check the recommended signal levels on the scope, as

explained above. If the combined waveform (PPS plus NMEA) looks ok, open the GPS (NMEA) Decoder

Window through SL's main menu, or click on the 'Show GPS' button in the Sample Rate Detector control
anel.
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GPS Receiver

Pasition ll:onfiguratinnl Diagnostics |

|54°11'13.0"H 007°52'18.4"E

|2011—04—11 20:54:56.00

8 Satelites  HDOP=1.0 63.1maSL  0.0kmdh

The position (latitude, longitude, and height above sea level) is displayed on the 'Position' tab. The
display format can be changed on the decoder's 'Configuration' panel. The 'raw' NMEA sentences can be
examined on the 'Diagnostics' panel.

Notes:

* As long as the GPS / NMEA decoder (parser) is occupied by the 'calibrator', it is always fed from
the soundcard - regardless of the (serial) port selected in the GPS window. In earlier versions, the
'port' had to be set to 'soundcard' instead of a 'COM' port. This is not required anymore.

* Some ancient GPS receivers only send the time of date, but neither the current year, month, nor
day. Too bad.

* The number of satellites (shown in the lower part of the GPS decoder window), and the HDOP
value are important quality indicators.
Don't trust the presence of a sync pulse (pps) alone - see notes at the begin of this chapter.

* The soundcard's sample rate must be at leat 2.5 times the serial baudrate. For example, to decode a
19.2 kBit NMEA stream, the soundcard's sampling rate must be set to 48 kSamples/second or
more. The sample rate can be modified in SL's audio settings if necessary.

* The decoder will detect the polarity of the NMEA stream automatically. It doesn't matter if the
signal is inverted somewhere on the way, and if your receiver uses a 'positive' or 'negative' logic
output.

* The timing relation between the GPS's receiver's NMEA- and Sync Pulse (PPS) output seems to
vary between different manufacturers. Some seem to send the NMEA message shortly before,
others shortly after the associated sync pulse.

An 'automatic' detection didn't work reliable (in 2015), thus the option 'GPS 1 second late' was
added as a checkmark on the Sampling Rate Detector tab. The next chapter describes how to test if
this option has been properly set.

Checking the GPS NMEA timing (is it ""one second late' ?)

In 2015-01, a problem was noticed with the timing between a GPS receiver's NMEA- and Sync Pulse
output (see previous chapter).

To defeat the problem described there, the new option 'GPS one second late' was added on the Sampling
Rate Detector tab.

sampling Rate and Frequency Correction 3
{ Sampling Rate Detectar ] Freou. Offset Detector | Scope | Debug |

Sync fregl Source |1 0 Hz [GPS pulse rate] - E Enabled
measure only

Imput channel  |R=Right Input 1 e input

Sync'd Resample |0n|y the cther' channels v | ¥ GPS phase lack

[ Sync pulse out
tade 7 algarithm |GPS =ync Wl MMEA decod [T GPS1slate

Screenshot of a part of the 'Sampling Rate Detector' panel in SL.
Note the checkmark 'GPS 1 second late' in the lower right corner.

When the GPS-based timestamps are 'one second late', check this option, otherwise uncheck it.
To test if the GPS (NMEA-) based timestamps are ok, a second (well-known) time signal is required.
Here, for example, DCF77 (the German time signal transmitter on 77.5 kHz) on a fast-running
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spectrogram with correct timestamps. The signal can be picked up in Europe with a piece of wire
connected to the input of a soundcard with 192 kSamples/second. The missing amplitude gap in the 59th
second of each minute confirms that the option 'GPS 1s late' has been properly set (or, in this case,
cleared).

TT000 Hz 77500 78000

time signal :
no gap here

Fast running DCF77 spectrogram with missing amplitude gap in the 59th second of the minute.
The pseudo-random noise is interrupted each second, but the carrier is not reduced.

If your PC's system time is sufficiently accurate (for example controlled via ridiculously simple NTP
client), you can also check the GPS pulse / NMEA timing on the SR calibrator status panel:

GPS-Pulze: tH=100.0ms ampl: +64% -73% NMEA: 25%
SR=191999.055 Hz; Mean60=191999.04745 Hz
StolDesyB0= 0 007E0 Hz ~~ 39 6 nsizecond

| System - GPStime: 324 ms

HISEOrY | 1) 542 +) 260 +).516 +0.258 +0.526 +0.220 -
CRRM | 401 526 +0.194 +0 520 +0 242 +0 301 +0 240

clear || +0.247 +0.304 +0.235 -+ 306 +0.256 +0 293

copy | |H1L275 0,311 +0.267 +0 316 +0 245 +0 320 ~
Status: PPZ peaks ok

If the difference between 'System time' minus 'GPS time' is well below 500 milliseconds, the current
setting of the 'GPS one second late' option is ok.

chapter overview
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9.3 The 'Scope' tab (in the sample rate calibrator's control
window)

Sampling Rate and Frequency Correctionn

Sampling Rate Detedur] Frq Dffset Detector Scope l Debug ]
SR=191998.
PC=399 E
SD=66.6 ns
requency Error Compensation / Calibration

Sampling Rate Detector | Frequency Offset Detector  Scope l

Left side: Coherent reference signal (10 kHz), Goertzel filters running, graph on the 'Scope' window
shows the narrow-band spectrum around the reference signal. The last result of the frequency
measurement, and the magnitude of the reference signal are shown near the peak in the graph.

Right side: One pulse-per-second signal from a GPS receiver, graph showing the interpolated rising edge
of the sync signal.

Other display modes can be selected on the "Sampling Rate Detector" tab, and a few options can be
modified through the scope's context menu. Click into the graph area, or drag a rectangular marker to
zoom in / out.

By default, the old graphs (from previous spectrograms) slowly fade out on the display. This is not a bug
but a feature ;-) ... it helps to discover intermittent noise, dropouts, or "slowly drifting" signals without the
need for a spectrogram display. The most recent curve is yellow; older curves fade to brown, and finally
disappear after a couple of minutes. Peaks which look 'smeared' on the display are not stable in amplitude
or frequency (or, for the GPS sync pulse, suffer from jitter). The 'slow fade' option can be turned off
through the context menu, too.
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requency Error Compensation / Calibration

Sampling Rate Detector | Frequency Offset Detector  Scope l

SR=191999.272 Hz

Zoom in (inka selection)
Zioarm auk
Reset zoom
v Slow-Fade image
A v Show interpolated segments (orange)

S20us -15us -10us -Sus O= Aus 10us  15us

To zoom into the graph, move the mouse pointer into the upper left corner of the 'region of interest', press
and hold the left button, while moving to the lower right corner. Then release the mouse, and select 'Zoom
in' in the menu. 'Zoom out' zooms out by about 50 percent. 'Reset zoom' zooms out completely.

See also: Scope display in GPS / PPS mode ; Spectrum Lab's more advanced time domain scope ; Details
on connecting GPS receivers .

9.4 The 'Debug' tab

The 'Debug' tab in the frequency- and sample rate calibrator window is only used for troubleshooting and
software tests.

During normal operation (with a 'good' input signal), the message list should remain almost empty.
Whenever the sample rate calibrator (or frequency calibrator) encounters a problem, it will append an
error message (unless the error display is paused). Most of the error messages and warnings should speak
for themselves, thus only a few of the possible messages are listed below.

» PulseDet: Excessive SR drift (-0.400 Hz?)
The sample rate drifts faster than expected (more than +/- 0.025 Hz per second).
If this warning only occurs once, it's just a subsequent error of 'noise' that can be ignored.

9.5 Interpreter commands for the frequency calibrators

fo cal.xxxx = commands and functions for the frequency offset calibrator:

* fo calavrg
Average frequency offset (difference between "measured" frequency and "known reference"
frequency ).
A positive offset means "the measured frequency is TOO HIGH". So to correct a "measured"
frequency, subtract fo_cal.avrg from the measured value before you display it (but beware: Do
NOT subtract fo_cal.avrg if the FFT frequency bins have already been corrected as explained here

).

* fo cal.delta phi
Phase angle difference between to consecutive phase calculations. Should ideally be zero. Mainly
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used for program development.

* fo cal.fc
Current center frequency which has been measured by the frequency offset calibrator. Should
ideally be the same value as the "known reference frequency". You may (ab-)use this function for
a precise measurement of a single frequency. Example: To measure the exact mains frequency
("hum"), set the "Reference audio frequency" to 50.000 Hz, the "observed bandwidth" to 0.5 Hz,
and the max. offset also to 0.5 Hz (all these values on the control panel of the Frequency Offset
Detector).

sr_cal.xxxx = commands and functions for the sampling rate calibrator:

e sr cal.sr
Momentary, non-averaged, measured sampling rate.

* sr _cal.avrg
Averaged measured sampling rate. This value is also displayed in the calibrator's control window.
You may use it for your own application.

e sr_cal.ampl
Measured amplitude of the reference signal, converted into dBfs (decibel over full scale, thus
always a negative value).

* sr cal.delta phi
Phase angle difference between to consecutive calculations. Should ideally be zero. Mainly used
for program development.

* sr_cal.fc
Measured reference signal frequency. Calculated by the sampling rate calibrator, under the
assumption that the sampling rate was constant since the calibrator was started. Should ideally be
the same value as the "known reference frequency". Useful for plotting the audio device's
oscillator drift, if a drift-free frequency reference (OCXO, GPS) is available.

e sr cal.fr
Returns the configured reference frequency (nominal frequency, constant), as configured in the
'Reference Frequency' field .

* sr_cal.systimediff
Returns the difference, in seconds, between the PC's system time and the time decoded by the
sampling rate calibrator (for example, from the GPS/NMEA decoder). The same value is displayed
as 'System time minus GPS time' on the SR calibrator control panel.

See also: Example for plotting the soundcard's frequency deviation (in ppm) and the drift rate (in ppm /
minute), Interpreter command overview, circuit window, main index .

See also: Spectrum Lab's main index .

9.6 Appendix

Soundcard clock drift measurements

The following drift rate (red graph in the diagram below) and frequency offset (green) graphs were made
with an internal audio device in a notebook PC (Thinkpad Z61m, internal "SoundMax HD Audio"). The
graph starts a few minutes after booting the PC. Before that, the PC had cooled off for several hours. The
reference signal (10 MHz OCXO divided down to 10 kHz) had been running for a couple of days. The
soundcard's final sampling rate was calibrated earlier (in the calibration table).
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Sampling rate drift test (Thinkpad, internal audio device)

Each horizontal division is 15 minutes wide. At 09:10, the notebook's cooling fan started to run, causing
the 'bent' curve. The green graph shows the deviation of the sampling rate; vertical scale range for this
channel is +/- 0.5 ppm (parts per million - see formula at the end of this chapter). The same order of clock
deviation can be expected when measuring frequencies without the continuous sampling rate calibrator.

Next test candidate: An E-MU 0202 USB (external audio device in a quite large box). The initial
sampling rate deviated from the final value by over 2 ppm, so during the 'early' warm-up phase, the trend
is only visible on a broader scale (in cyan colour). 5 minutes after start, the calibrator's tracking algorithm
was able to measure and eliminate the drift (because of the large initial drift rate, and the 30-second
frequency measuring intervals for the Goertzel filters). It's obvious that the curves are less 'jumpy' than
with the internal soundcard, thanks to the absence of a cooling fan in the box.

& (ppm J minute)

"

Sampling rate drift test (E-MU 0202, USB audio device)

To measure and plot the soundcard oscillator's drift, the interpreter function "sr_cal.fc" were used, and
SL's plot window . The expression 1E6* (sr cal.fc-sr cal.fr)/sr cal.fr calculates the
current frequency deviation in ppm (parts per million).

To measure the drift rate (in ppm per minute), calculate the drift (frequency error in ppm) periodically,
and subtract the previous result from the current result every minute. This can be achieved in the
Conditional Actions table ("DriftRate = Drift - OldDrift", which is not true maths but it works for this
purpose). The 60 second timebase is provided by one of SL's programmable timers. Example (copied
from the conditional actions in the configuration 'SoundcardDriftTest.usr') :

Nr |IF.. (event) THEN.. (action)

Drift=0 : DriftRate=0 : OldDrift=0 : timer0.start(60) : REM timer will run off after 60

1 |initialisin
g seconds

Drift=1E6*(sr_cal.fc-sr_cal.fr)/sr_cal.fr : DriftRate=Drift-OldDrift : OldDrift=Drift :

2 |timer0.expired timer0.start(60)
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The values of 'Drift' (in ppm) and 'DriftRate' (in ppm / minute) are plotted in the watch window. The
sample application (SoundcardDriftTest.usr) is contained in the SL installer.

Sample Rate Calibration Algorithm

(Old algorithm, Rev date 2002-04-18, only uses one complex oscillator, one complex multiplier, and a
long chain of decimators):

The example explained here uses a reference frequency f ref = 15625 Hz (TV line sync)

1. NCO frequency for the I/Q mixer
theoretically: f ref = 15625 Hz (this is the 'Reference Frequency' entered by the user)
practically : f nco= f ref * k, where k = true sample rate / assumed sample rate,
because the program only THINKS it mixes the input signal with f ref, but in fact -due to the
sample rate error- the true NCO frequency is different !
Here for example: k = f sample assumed /f sample true =44101 Hz /44100 Hz,
so f nco= 15625 Hz * 44101/44100 = 15625.35431 Hz. The NCO is initially programmed for
'15625.0 HZ' because the program does not know the true sample rate (this is what we're looking
for !)

2. Frequency at the output of the I/Q mixer (not decimated)
f mix = (f ref-f nco)={ ref-f{ ref*k =f ref * (1-k) = 15625 Hz * (1-44101 / 44100) = -0.3543
Hz
(dont bother about the negative frequency, we are processing I/Q samples)

3. Accumulation of the phase (from f mix_decimated, observed over the measuring interval)
Measuring interval: t meas = decimation_ratio / true sample rate = 16384 / 44101 Hz
Phase deviation: delta phi =360° * t meas * f mix =-47.3866°
(the phase deviation is what the software actually measures. It does not know the true sample
rate!)

4. Calculation of the 'calibrated' sample rate.
known: delta phi, f ref, decimation ratio, f sample assumed
wanted: k (correction factor), f sample true
delta phi=360° * t meas * f mix

=360° * (decimation_ratio * f mix) /f sample true

=360° * decimation_ratio * (f ref - f ref * f sample true/f sample assumed)/
f sample true
-
f sample true =f sample assumed /(1 + delta phi * f sample assumed / (360° *
decimation ratio * f ref) )

Note that the NCO frequency is not reprogrammed with the new "true value" of f ref'!

(New algorithm, Rev date 2010-03-30, uses a bank of Goertzel filters to calculate a DFT for a few
frequencies):

<ToDo >: Describe how the phase information in the complex DFT can be used to measure the frequency
with a resolution of a few microhertz, using a 30 second measuring interval...

9.6.1.1 MSK Carrier Phase Detection

To detect the 'carrier phase' of an MSK signal (without demodulating or decoding it), the complex,
downconverted (analytic or "baseband") signal is squared. This produces two discrete lines in the
spectrum, symmetrically around the carrier frequency.

For example, DHO38 is first multiplied with an complex NCO (numerically controlled oscillator, with
sine- and cosine output) at 23400 Hz, then decimated until the sampling rate is about 1.5 to 3 times the
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bitrate. In the decimated, complex (analytic) signal, the two lines appear like 'sidebands', separated -100
Hz and +100 Hz from the carrier signal (which is now at 0 Hz, ideally).

The squared baseband signal is then passed through a DFT (discrete fourier transform, possibly an FFT =
Fast Fourier Transform). To avoid locking on false signals, the amplitudes in the complex frequency bins
(at the two "expected" baseband frequencies) are compared with their neighbours, and the phases in the
complex bins are compared with the previous DFT (in reality, this step is a bit more complicated because
the signals are not perfectly centered in their FFT bins.. some phase angle fiddling is required for this
reason).

Compared to a continuous wave signal, the MSK carrier phase detection requires a larger SNR (go
figure..) because the observed signal bandwidth (or, the equivalent receiver bandwidth) is larger. For
comparison, measuring the carrier phase of DHO38 requires approximately a 300 (!) Hz filter bandwidth.
For phase coherent time signal transmitters like DCF77, the observed bandwidth may be less than 1 Hz.

Note: The same principle is also used in the phase- and amplitude monitors (when configured for MSK).

Last modified (besides fixing a few typos) : 2015-01-19

Bendtigen Sie eine deutsche Ubersetzung ? Vielleicht hilft dieser Ubersetzer - auch wenn das Resultat
z.T. recht "drollig" ausfallt !
Avez-vous besoin d'une traduction en frangais ? Peut-étre que ce traducteur vous aidera !

* Frequeny Calibration:

* Introduction

* One-time

» Continuous

* Frequency References

e GPS/PPS
* Scope display

¢ W
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* Top

* Contents
* Controls
* Displays
* Settings

e Circuit
* Filters

10 Digimode Terminal

10.1 1. Introduction

To test some new kinds of (more or less) 'digital' communication modes, Spectrum Lab has a tiny built-in
terminal which allows you to transmit and receive characters.

For 'standard’' modes like PSK31 and RTTY, there are other programs out there with a more user-friendly
interface ! Spectrum Lab's digimode-terminal is intended only for experimental purposes and occasional
QSOs on longwave. Thanks to some friends of the LF Experimenters community for testing it.

The digimode terminal can be activated from SpecLab's main menu ('Components') or from the
component window.

¥ Digimode Terminal (4) : MSK100, DGPS J RTCM SC-104
File Mode Edit Settings Tuning scope  Help
Tuning & Coritrol

Receive

13:24 M=zg9: RefID=763 L=5 Z=z4:16.2 5=5 H=W Corrections: Las
FatID=14 UDRE:<lm PRC=-1F.lZm RRC=+§.HHHn/s I0D=93

- 5arID=34 UDRE:<lm PRC=-13.60n RRC=+§.dF6n/s IOD=92
\ I \|| i ri FatID=§5 UDRE:<lm PRC= -7.62Zn RRC=+§.HH6n/s I0D=Z1

|Lﬂ| m ||| m l“ 13:24 Mag3: RefID=763 L=4 F=2Z4:15.6 3=5 H=F N53°17'@Z" EF@3°15'39" h=
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Contents (of this document) :

1. Introduction, main menu ( with items 'File', 'Mode', 'Edit', 'Settings', etc )
2. Tuning & Control
3. Receiving / Decoding

1. Receiving normal text, in real time
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2. Decoding bitstreams in 'raw files' (offline)
4. Transmitting

1. Transmitting Text

2. Transmitting images in 'Hellschreiber' mode
5. Decoder Logfile

6. Special modes
1. Hellschreiber ("Hell")

2. Minimum shift keying
1. MSK-modulated DGPS beacons on medium wave

7. Digimode Settings

1. Basic Settings
2. Advanced Settings

1. How to generate quadrature signals with the digimode terminal
3. RX/TX Switching Options

8. Interpreter Commands for the digimode module
9. Appendix

The screen area used for some of these blocks can be modified with a 'splitter'. Move the mouse slowly
between the different window areas, until the mouse cursor changes from a pointer to a splitter symbol.
Then hold the left mouse button pressed and move the mouse to change the 'layout' of the digimode
window.

From the menu of the digimode terminal you can select the transmission mode and other settings. Up to
now, only very few modes have been implemented. Look into the "Mode" menu to see what's possible.

To transmit text, type into the "Transmit" window and start the transmitter by clicking on the "Rx/Tx"
control button. You may also load text from a plain text file into the TX window (from the File menu,
"Load TX Text"). While the transmission proceeds, the transmitted characters will be colored RED in the
TX window. You can remove the color marks from the "Edit" menu. You can also set the "Transmission
Pointer" to any cursor position if you want to repeat a transmission (also in the Edit menu).

Received characters are displayed in the "Receive" window. You can write received text into a text file
from the File menu ("Save RX Text"). Some "special" modes cannot yet be machine-decoded (like slow
CW) so you will have to look on the waterfall to decode them 'by eye'.

More advanced mode settings can be modified from the 'Settings' menu of the digimode terminal. Some
'special' transmission modes are described later in this document.

To monitor multiple stations or channels, you can open up to four digimode terminals from Spectrum
Lab's main window, with different settings for each terminal (as far as the bandwidth of the receiver's IF
filter permits, and the CPU in your PC). To duplicate the settings from an already opened terminal
window, select Settings .. Clone these settings ... from the terminal's main menu.

See also: Spectrum Lab's main index, 'A to Z', Time signal decoder (DCF77).

10.2 2. Tuning aids in the digimode terminal

There are just a few tuning aids in the digimode terminal. The most important 'RX' tuning aid is the
spectrum display in Spectrum Lab's main window. If you right-click into the frequency display, a popup-
menu will open with the option "set digimode frequency to xxxx.x Hz". Selecting this option sets the RX-

Spectrum Lab Manual V 2.96 154 /294


../html/timesigs.htm
../html/a_to_z.htm
../html/index.htm

(and also the TX-) frequency. This even works if the input is not coming directly from the soundcard but
from a previously recorded wave-file !

For most digital communication modes, there is a so-called 'tuning scope'. This is especially useful to set
the RX-frequency for all PSK-modes (phase shift keying modes, for example PSK31). Right-click into
the tuning-scope to see all available options.

The 'Bit Phase Vector' display is an indicator for the phase-difference between two received| Lanaktente
bits (or symbols) for all PSK modes. If the RX-frequency of a BPSK-signal (like PSK31) '
is properly tuned, the vectors should show a vertical line (only 0° and 180° phase

difference). This scope screenshot shows a properly tuned (but very noisy) PSK31-signal.

Note that the bit-phase vectors only run from the center upwards (angle about 0°) and
downwards (angle about 180°). The length of the vectors depends on their amplitudes. If the vectors are
not running vertically, you should either turn the AFC (automatic frequency control) on, or try to adjust
the "RX-frequency" manually.

Tuning & Contral

= Alternatively, the tuning scope can be switched into Y(t)-mode with an optional long
lipersistance (like an analog storage oscilloscope), which can be used to produce an "eye-

Il pattern” diagram because the scope is usually triggered by the receiver's bit-

@l synchronisation module.

The screenshot on the left shows the "eye pattern" of an MSK signal (actually a DGPS
beacon). The upper (green) curve is the filtered bit signal (for MSK: the frequency deviation), the lower
(red) curve is the amplitude which should ideally be constant for an MSK signal. The eye pattern only
works for certain modulation types like BPSK and MSK.

Some demodulators will additionally show a third curve in the tuning scope in yellow colour; for example
the MSK decoder shows the recovered bit clock (subject to change).

Tuning & Control— When the DTMF decoder is active, and the tuning scope mode set to 'auto’, the

scope shows a bargraph with the amplitudes of the eight DTMF tones, ranging
from -100 to 0 dBfs.

The red line in the background shows the DTMF decoder's squelch level, which
can be adjusted with the slider on the left side. As shown in the screenshot on the

- left side, the squelch level should be set high enough (well above the "noise level")
to avoid false detections.

Like some other parts of the digimode terminal window, the size of the tuning scope can be adjusted by
moving the light blue coloured 'splitter’ controls (press and hold the left mouse button on a splitter
control).

back to the chapter overview

10.3 3. Receiving with the digimode terminal

10.3.13.1 Receiving text (normal, in real time)

If the "RX/TX-switch" is in the "RX"-position, and the demodulated signal exceeds the squelch level, all
decoded characters are printed into the "RX"-window (which is -in fact- a windows edit control).

The RX window will automatically start to scroll the received text as long as it has the 'focus' (that is, the
blinking cursor is in the RX window. Just click into the window).

You can also save the received text in a text file. Use the entry "Save Rx Text" in the File menu of the
digimode terminal for this purpose.

back to the chapter overview
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10.3.23.2 Decoding bitstreams from 'raw files'
This feature can be used to analyse raw bitstreams (demodulated, but not yet decoded) archived in files.

These 'raw files' are not binary files, but ASCII files ("textfiles") with contain the following characters:

* 0 (figure zero) : pass a 'low bit' to the decoder, as if it had just come out of the demodulator;
* 1 (figure one) : pass a 'high bit' to the decoder, as if it had just come out of the demodulator;

* 2.0, a..fare reserved for future use, where one symbol (from the demodulator) contains more than
one databit .

* () (slash-zero) is treated the same way as the zero, because Spectrum Lab's digimode terminal
emits these characters by default

* () : Everything between an opening and a closing parenthesis is ignored by the file parser;
because for example the DGPS / RTCM decoder emits hexadecimal codes in parenthesis (even if
set to 'binary' character display).
Since everything in parenthesis ignored, this can be used to embed comments in such 'test files'.

To record raw bitstreams in this format, either set Digimode Confiuration ... Code Set to "Unknown (emit
ones and zeroes)",

or (at least for the DGPS decoder) leave the Code Set as it is (for example, RTCM SC-104 (DGPS) ),

but under Advanced Settings, set the Rx Character Display to Binary (ones and zeroes). In the latter case,
the demodulated databits will still be passed to the decoder, so the decoder will attempt to synchronize
frames (which is helpful because it inserts a CARRIAGE RETURN character after each frame), but the
text in the 'Receive' window will still be filled with ones and zeroes (mostly). As noted above, almost any
decoder will put additional info between parenthesis, so they can automatically be filtered out while
analysing the file.

After receiving a sufficiently large number of 'raw bits', stop the decoder (or at least pause the display),
and export the text in the receive window as a text file (through the terminal's File menu).

You can then let the saved file run through the decoder over and over again, trying different decoding (not
demodulation) parameters.

To interrupt the file analysis (because the file is too large, and/or decoding takes too long), press and hold
the ESCAPE key.

back to the overview

10.4 4. Transmitting with the digimode terminal

In most cases, plain text is transmitted with the 'digimode terminal'. In certain modes (for example
Hellschreiber), small images can be sent, too.

10.4.14.1 Transmitting text

To transmit characters with the digimode terminal, set the cursor into the "TX window' (by clicking into)
and just type the letters you want to transmit. If the RX/TX-control button shows "TX" and the 'LED' is
colored red, the typed characters will be transmitted almost immediately.

The transmitted text will be colored red. The text which is not yet transmitted will be black (usually).

A few tips for using the digimode terminal for sending text:

* To set the transmit position to the current cursor position, press F3 .

* To send the text in the TX-window again, place the cursor before the first character you want to
send, and press F3 afterwards.
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* To clear any text which may be contained in the TX buffer (but not sent yet), press F2
* To switch from TX to RX, press F9 .
* To switch from RX to TX, press F10 .

* You can configure the terminal to begin TX automatically (as soon as there is something to send),
and to switch back from TX to RX when all is sent. This option is highly recommended for all
"slow" modes ! (avoids overheating the transmitter when the operator falls asleep ;-)

* DO NOT TYPE OR SEND EVERYTHING IN UPPER CASE. IT LOOKS AS IF YOU WERE
PERMANENTLY SHOUTING. THAT'S A BAD IDEA, AND AN AWFUL WASTE OF TIME.
Especially in PSK 31 (and its variants) sending everything in upper case is stupid, -even though
often seen on the bands- because PSK 31 & Co use Varicode, which uses less bits for lower-case
characters than for upper case. Please tell this to your PSK31-QSO partner on shortwave, maybe
he just doesn't know ;-)

You can start the transmission before typing any text in the TX window - this is ok for *most* character-
based modes. Alternatively, you may type your next message text into the TX window before switching
from receive to transmit. This will avoid 'gaps' in the transmitted data stream (which would be filled with
"idle' characters automatically, except for Morse transmissions).

Special functions can be embedded in the transmitted text, enclosed in angle brackets. Some examples:

<chr(123)>
Inserts a character with the specified code in the character stream

<img filename.bmp>
Inserts an small image from a windows bitmap file in the transmission. Only works in Hellschreiber
mode.

<lany interpreter command>
Allows the execution of any interpreter command, embedded in the transmitted text. More details
and a few examples are here .

(Other commands in angle braces may exist, which have not been documented yet ... )

10.4.24.2 Transmitting images in "Hellschreiber' mode

You can also send small bitmaps along with the normal text, using a "tag" (kind of command-sequence,
similar to HTML) in the text you enter (or copy into) the transmit text box. The syntax for sending an
image from a bitmap file is:

<img MyFile.bmp>

The command will not be parsed as long as you didn't type the closing angle bracket (final ">"). Example
for a transitted message which contains a bitmap:

TEST: <img dl4yhf.bmp> OK ?

A list of all "tags" which may be embedded in the transmission-text (can be loaded from plain text files),
some of them may be abbreviated:

<rev>, <r>
switches from "normal video" to "reverse video" (caution, requires more average transmitter power)
</rev>, </r>
switches back rom "reverse video" to "normal video"
<img filename>, <i filename>
loads an image from a bitmap file, and places it in the Hell-transmission-buffer (inceasing the size
of the "bluescreen" if necessary).

Note:
The BACKSPACE key does not work properly when deleting these "tags" from the transmit buffer,
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if the associated function has already been executed (and the result is visible in the hell transmission
bitmap). BACKSPACE only works for normal transmitted characters in HELL mode !

back to the overview

10.5 5. Decoder Logfile

For beacon observations and other long-term surveys, the decoder output (characters) can be logged to a
textfile, in addition to the output in the RX window .

To start logging, select File .. Start logging decoder output in the terminal's menu. If the file already
exists, new characters are appended to the end.

To stop logging, select the same menu item again. While logging is active, it shows 'Stop Logging' along
with the filename currently being logged.

Note: Each of the four(?) terminals must use it's own logfile. For technical reasons, it is not possible that
all decoders write their output into a common file.

Because of that, the default filenames (visible when opening the fileselector for the first time) are
'"Term1.txt' for the first terminal window, 'Term2.txt' for the second terminal, etc .

10.6 6. Special transmission modes

10.6.16.1 Hellschreiber ('""Hell") Transmissions

Compared with "true" digital transmission modes, HELL is a bit different. The original Hellschreiber
(invented by the german inventor Rudolf Hell) was a character-transmitting and -receiving machine, with
a typewriter-like keyboard.

On the first look, the digimode-terminal works like that. You enter text in the transmit window, which will
be "printed" into the blue strip in the upper part of the transmit window. But what is really transmitted are
no characters, but small (narrow) images | For optimum performance, there is a special character set
(called "SMT Hell") which is optimized for best readability - but its up to you which of the various fonts
installed on your system you want to use.

Note:
Due to problems with the installation script under Windows XP, the SMT Hell and some other
"special" fonts are no longer installed automatically. If you need them, you will find these special
fonts in the "Goodies"-directory. Install them with the windows system control ("Fonts", on a
German PC: "Schriftarten".."Datei".."Neue Schriftart installieren").

10.7 6.2 Minimum shift keying

Minimum shift keying (MSK) can be viewed as binary, continuous-phase frequency shift keying with a
modulation index of 0.5 (frequency shift divided by bitrate). Some of its properties are...

* compared with classic FSK like "RTTY", it consumes less bandwidth

* an MSK signal has a constant envelope waveform (because it's a special form of FSK)

* in contrast to amplitude-shaped BPSK (like PSK31), it does not require a linear transmitter, and
does not get "broad" like PSK31 if the transmitter is overdriven (a fact which can be seen on
shortwave quite often, despite the fact that radio amateurs use "linear" power amplifiers there).
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For initial MSK tests on longwave, use one of the predefined "MSK" modes from the terminal's menu.
They use the VARICODE set (as designed by Peter, G3PLX, for his famous PSK31 mode). But since
there was only little interest in using MSK on air (among radio amateurs), I didn't develop the decoder
any further (it's still implemented in SpecLab, but it's not optimized). Some notes on the implementation
of the MSK modulator/demodulator can be found in the appendix, especially about the encoding scheme
when transmitting VARICODE via MSK.

MSK is in worldwide use for DGPS beacons on medium wave (near 300 kHz). See this extra document
with details on DGPS reception with Spectrum Lab's digimode terminal.

10.7.16.2.1 MSK-modulated DGPS beacons on medium wave

To test the MSK demodulator, the author tried to receive some European DGPS beacons on medium
wave. Many of those beacons (like the Zeven DGPS transmitter on 303.5 kHz) use 100 bit/second, so the
'symbol rate' in the digimode configuration dialog must be set to 100.0 symbols/second (here, the same as
100 bit/second). The parameter 'Frequency shift or span' doesn't matter for MSK, because the shift is
dictated by the symbol rate (remember, shift divided by bitrate is always 0.5 otherwise it wouldn't be
MSK..). The eye pattern on the tuning sope looked promising, but due to the lack of an RTCM SC-104
decoder, the codeset parameter in the digimode configuration had to be set to 'Unknown / Emit '0' and 'l").
Not too impressive. The price of 40 or 50 dollars for the official RCTM SC 104 V2 standard ("RTCM
Recommended Standards for Differential Navstar GPS Service, Version 2.0") sounded a bit steep for this
experiment. Fortunately, looking around revealed some info (without paying $$ to the moneymakers)
about how to calculate of the 6-bit checksum in each 30(!)-bit "GPS words", so the digimode terminal can
at least break up the continuous stream of "zeroes and ones" (from the MSK demodulator) into "GPS
words" and check the 6-bit parity in each word.

A decoder for the most common DGPS message types (as defined by RTCM V2.x) is implemented in
Spectrum Lab - details are in another document.

To select between different formatting options (for the decoded output), select Settings .. Advanced
Settings in the terminal's menu, and set the Rx Character Display option to Translated (type 1) or
Translated (type 2). 'Type 1' will show the DGPS signal as 30-bit GPS words, with an indicator for the
parity check (*=parity check ok, -=parity check failed). '"Type 2' may present the output in a different
format, which wasn't clear at the time of this writing yet.

What to avoid (when transmitting MSK)...

Even with MSK, the transmitter must not be (severely) overdriven ! If the transmitter is modulated with
an audio signal (AFSK), overdriving the audio stages may cause audio harmonics. For example, a 1 kHz
audio "carrier" may produce 3, 5, etc kHz (sometimes also even harmonics). If these unwanted audio
frequencies are inside the IF amplifier passband, they will produce unwanted RF emissions !

When overdriving a "linear" amplifier with insufficient harmonic suppression, you may even transmit on
a "band" where you shouldn't be heared, so be careful. Don't use cheap solid-state power amplifiers
without good low-pass (or bandpass) filters. Of course, this hasn't got much to do with MSK..

back to the overview

10.8 7. Digimode Settings

10.8.17.1 Basic Settings

Because the 'digimode terminal' has been implemented to **TEST** new communication modes, it has a
lot of adjustable parameters which are usually unneccessary (because they are 'fixed' in other programs).
More settings can be found on the 'Advanced settings' and 'RX/TX-Switching Options' - tabs, which are
described later.
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The following settings may be modified from the 'Settings' menu. Sometimes the digimode terminal
automatically opens this dialog, especially after you change to an 'experimental' mode which has not
become a standard yet. However, a set of 'standard' digital transmission modes can be selected from a list
(click on the "Standard Modes" button in the dialog window).

Digimode Configuration g|

Bazic l.ﬁ.dvanced ] M=k ] RxiTx Switching l Tuning Scope l Decoder Specific ]

Bazic moce |characters (1) ﬂ Select predefined mode... |

Modulation type

LSE, DOE,CH (2]

Async serial data farmat... |

Code Set Unknowen (emit '0' and 1"+

Load driver DLL... |

Encodin Mone (one-to-one -
? | ¢ ) J [~ useDLL:  |DemoDil.dl

Pulze shaping |.£\.mplitude Ramp ﬂ 1@ Input
Center frequency (Tx) [S00.0 Hz  UPDOWN stepraid. 1.0 Hz
Center frequency (RX) [2200.0 Hz Detector zgquelch level |25 %

Frequency shift or zpan (2000.0 Hz Shaping time (250 %
Syimbol Rete | Baudrate |10 SYMIZEC Output level (2200 %

T¥ Fregu. [ Shift muttiplier : |1 i‘ litne=

o OK | X Abbrechen| 3 Apply | ? e |

(screenshot of the 'digimode configuration' dialog, 'basic' tab)

Some parameters which may need explanation:

Basic mode
Defines if the "mode" is based on the transmission of single characters, blocks, or other specialities
(which is the main usage of this terminal). Some of these modes are not completely digital at all.

There are:

* Character-based modes like PSK31, MSK31, Morse(transmit only)

* Block-oriented modes (not implemented in SpecLab itself)

* HELLSCHREIBER-modes, here: with very narrow bandwidth. Named after the german inventor
Rudolf Hell. Actually an image-transmission mode which looks like a mix between RTTY and
slow-scan-television. The implementation in Spectrum Lab can actually be used to transmit small
images (bitmaps) as well as characters entered in the transmit-window. Read this chapter for
details.

Modulation type
This is the principle how the digital information (bits, symbols) are transformed into an analog

signal. Common modes are:

* AFSK = audio frequency shift keying, used for RTTY and DFCW (not yet implemented).

» BPSK = binary phase shift keying, uses two different phase angles (0° and 180°). One symbol
carries one bit of information. Often used together with the VARICODE code set.

* QPSK = quadrature phase shift keying, uses four different phase angles (0°, 90°, 180°, 270°). One
symbol can carry two bits of information.

* MSK = minimum shift keying (can be regarded as a special form of OQPSK, but also as FSK with
a modulation index f dev/f bit of 0.5). Please note that the MSK demodulator in Spectrum Lab is
far from being perfect ... but at least the non-coherent decoder works, and is more robust than SL's
coherent decoder. Read this chapter for details on MSK .

* CW or OOK = continuous wave or on/off-keying. Usually used for morse code transmissions.
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* Parallel MT = simultaneously transmitted "multiple tones", like DTMF (telephone touch-tones).
Requires a linear transmitter.

For very "special" Modes, there may be an extra "Digimode-DLL" somewhere.

Code Set

The code set describes how the bits in a single character are arranged before transmission. Some
supported code sets are:

* Morse = codeset for telegraphy transmissions in "CW".

* Baudot = a 5-bit-code which was very common for RTTY transmissions in the 'old' days of radio.
May be implemented in a "Digimode-DLL" somewhere.

* ASCII = american standard code for information interchange. Used internally by many computers,
especially in the good old days. Nowadays replaced more and more by the ANSI, a very similar
codeset which uses 8 bits, and contains many special (national) letters which did not exist in
ASCIL

» PSK31 'Varicode' = a code set with variable bit lengths. Frequently used letters have shorter codes
than longer letters. This nice mode was introduced by Peter Martinez, G3PLX. It is widely used on
shortwave by radio amateurs, but also some longwave experimenters used it with good success. In
Spectrum Lab, you can use Varicode also with other modulation types than BPSK and QPSK, and
at higher and lower speed than the original PSK 31. And please, DON'T SEND ALL IN UPPER
CASE - especially not in PSK 31 because upper case letters take much longer to send than lower
case letters.

* DTMF ="touch tones' :

The key's column (on an old-style telephone keypad) selected one of the 'high tones', the key's row
selected one of the 'low tones'.

DTMEF tones are still useful today for 'remote control' over an analog audio link, for example to
control a remote receiver, transmitter, antenna switch, rotor, etc.

Spectrum Lab can generate any sequency of DTMF tones, either via the digimode terminal or by
command 'digimode.tx( <string> )".

With the tuning-scope display mode set to 'auto', the scope shows a bargraph diagram with the
eight tone levels (logarithmic scale, -100 dBfs to 0 dBfs).

Encoding
Encoding means how 'data bits' Xi are mapped to the actual transmitted symbols Yi. For example,
consider a binary frequency-shift keyed signal:
Without special encoding (Yi = Xi) zero-bits would result in frequency A being sent, and one-bits
would result in frequeny B. For FSK signals, this is almost always the method of choice.
Differential encoding is often used with phase shift keying (PSK) so simplify the data recovery at
the receiver. In this case, the transmitted symbol Yi is the result of an exclusive-OR combination of
the previously transmitted symbol Y(i-1) and the data bit to be transmitted (Xi). The result is that
the 'polarity' of the received bits doesn't matter (i.e. it doesn't matter for a BPSK signal if the
receiver is set to USB or LSB), because the receiver (decoder) only checks if the received symbol is
different from the previous symbol (in that case the data bit is a ONE), or if it's equal (then the data
bit is a ZERO). For some modes (like PSK31) differential encoding is always active, regardless of
the state of the Encoding option.
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Pulse Shaping
Pulse shaping is often required to reduce the bandwith of the transmitted signal. Generally, the

bandwidth is reduced if the transition from one symbol to the next is 'smoothed'. There are several
ways of how pulse shaping can be done:

* off: means no pulse shaping at all (->broad rectangular pulses)

* amplitude ramp: the optimum, used for PSK31, but requires a linear transmitter or a class C/D
transmitter with pulse shaping via the power supply voltage (as used by a well-equipped LF
amateur). See advanced settings.

* slow phase transition: not as good as 'amplitude ramp', but can be used for class-C transmitters
because the amplitude of the modulated signal is constant. This shaping type is currently still
'under construction'.

Frequency Shift
This parameter is only required for FSK (frequency shift keying) modes like RTTY and DFCW
(dual frequency "continuous wave", actually Morse code). It's the difference between the "higher"
and "lower" tones in Hertz. Note that the shift may be multiplied with the 'transmit frequency &
shift multiplier' as explained below.

Transmit Frequency / Shift multiplier
Only works for frequency shift keying (not for phase shift keying). Used to drive certain, special
transmitters (hardware) which must be fed with two, or even four times the actual transmit
frequency because they divide the input signal (from the soundcard) by two or four.
For example, if the "TX Frequ. / Shift multiplier" is set to 2 (two), and the FSK modulator is
configured for a transmit frequency of 1000 Hz, and a shift of 1 Hz, the program will actually send
1999 Hz or 2001 Hz tones to the output of the soundcard (which the TX hardware will divide down
t0 999.5 or 1000.5 Hz .

Symbol Rate / Baudrate
This parameter set the 'speed’ of a digital code transmission. For RTTY, it is usual to use the term
'baudrate' (Bd / second). For BPSK (like PSK31 for example), the baudrate is equal to the 'bits per
second' because one symbol carries exactly one BIT. For PSK31, the exact transmission speed is
31.25 symbols/second. A common signaling rate for RTTY used by radio amateurs on HF is 45.45
Bd/second.

Symbol shaping time
Affects the pulse shaping characteristics. The higher this value, the more time will be used for the
'soft transition' from one symbol to the next. Setting the symbol shaping time to 0% will generate a
very 'hard transition' with a broad spectrum. You should avoid testing this 'on air' for most
modulation types.

Modulator output level
Can usually be set to 100%. But if you want to add noise or other signals to the modulated signal
before passing it to the D/A-converter (or saving it as a wave-file), you must reduce the modulator
output level. Otherwise an adder stage in SpecLab's internal circuit will be overloaded (and clipping
will severely affect the signal's purity !).

Detector squelch level
This parameter defines the 'threshold' which a received signal must exceed (to avoid a lot of
'random’' characters on the screen when no signal is present. The squelch operation depends on the
mode, so this is just a relative measure (for PSK modes, it is not a function of the received signal's
amplitude !).

Half duplex / Full duplex
In 'half duplex' mode, either the analog/digital converter+decoder or the digital/analog
converter+modulator is active. So during transmission, the demodulator is passive.
In 'full duplex' mode, both a/d and d/a converter remain enabled, and the digimode
demodulator/decoder remains active while transmitting. This was originally used for testing, but
some later modes may require full duplex mode. If you feed a bit from the soundcards (or the
transmitters) output back into the input (or a receiver connected to the soundcard, you can watch
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your own transmission in the RX window. Sometimes the internal crosstalk from the soundcard's
output is strong enough to decode the signal, especially for the 'slow weak-signal modes' like
PSK31 and its flavours.

See also:

Advanced Settings, RX / TX Switching Options
Spectrum Lab's main index .

back to the overview

10.9 7.2 Advanced Settings

On the 'advanced settings' tab of the configuration dialog a few other parameters can be adjusted (mostly
parameters which didn't fit on the 'digimode settings' screen) :

Digimode Configuration E|

Basic  Advanced lMSI-{ ] Rx/Tx Swvitching l Tuning Scope l Decoder Specific ]

Serial data format Automstic Freguency Contral
Tuni B
Startbt  |LOW (line hich in idle mode) v | ,': Egabid +““'“’9me
narrow  +- 1000
Datakits |7 | H
SeeEEe |LSEI firat ﬂ Rx Character Display
|N0rma| (plain text) ﬂ
Parity |n|:|ne ﬂ
Stopbit(s) |1 ﬂ auto newy line after |0 ms
[v slashzero [ word wrap
Other Options

[~ minimize gaps in DFCW (dual-frequency slow morse code)

[ Rewverse keying Jinverse fregquencies for Lower Side Band modulator

Avxiliary output @ |n|:|ne (only ane, "normal” output) ﬂ

Disable buit-in fittiM2ne {anly one, "normal” autput)
ondoff keyved BPSK data signal

guadrature output for G modulst
o OK |

(screenshot of the 'digimode configuration' dialog, 'advanced' tab)

AFC enabled
If this checkmark is set, the decoder will adjust the center frequency during receive (if the supported
in the used mode).

AFC tuning range
Defines, how far (in Hz) the AFC'ed center frequency may 'walk away' from the orginial RX center
frequency.

Narrow AFC
If this checkmark is set, the AFC reacts very slow and has a reduced tuning range. Good for noisy
signals (depending on the mode. For many modes, this control has no effect at all !)

Tuning scope
Defines the mode of the tuning scope, like "Bit phase vectors", "bit signal over time", etc. In long-
persistance-mode, you will see the usual eye-pattern which is often used to check the proper
function of the demodulator and the bit synchronisation.
Note: Since the implementation of a "phase meter", there is a more flexible tuning aid outside the
digimode terminal !

Auxiliary Output
The second output (usually 'R5', the soundcard's right audio channel) can be used to produce an
auxiliary output signal, which can be picked from a list:

On/Off keyed BPSK signal
This option has been implemented for users of 'switching mode' transmitters for PSK31 (and

its slower variants). To use this, you must set your audio card to "Stereo Mode" in Spectrum
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Lab's main configuration. If enabled, the LEFT audio channel produces the usual amplitude-
shaped PSK31 signal, while the RIGHT audio channel produces the phase information (0 or
180 degrees) for a hardware phase inverter in the transmitter. The signal is an on/off-keyed
audio 'carrier' because the audio card cannot produce DC signals. Use a rectifier diode and a
small capacitor to turn this into a digital control signal for your transmitter.

This only works for PSK31 & PSKO08 with "pulse shaping' enabled.

Quadrature output for I/Q modulator
Special feature to produce single-sideband signals. For some (most?) digimodes, the
modulator can produce inphase- and quadrature outputs. This greatly simplifies the
transmitter hardware, because no narrow filter will be required to remove the unwanted
sideband. Some notes on I/Q signal processing with Spectrum Lab can be found here
(including how to switch the spectrum analyser into I/Q-mode).
The quadrature output generated this way (using a soundcard with stereo output) can be used
to drive a phasing 'exciter' like this one.

Unmodulated coherent carrier, constant envelope
This output supplies the unmodulated carrier wave, which may be required for phase-coherent
modulation experiments (coherent CW,etc..).
For transmitters which divide the signal frequency by two (or even by four, to produce a
highly symmetrically signal for a MOSFET bridge), set the TX center frequency accordingly.
The primary output (usually LEFT audio channel) will then provide the amplitude
modulation, including pulse shaping, while the auxiliary output produces a really 'continuous'
(coherent) wave which starts at the begin of a transmit cycle and ends when all data bits are
through.

Note: So far, the 'unmodulated coherent carrier' output only works for a few modulation types,
for example with ASK (amplitude shift keying), OOK (on-off keying), but not with FM
(frequency modulation).

Serial Data Format
Once used to define the format of asynchronous data transmissions, namely the old teletypewriter
stuff. Not very common these days, and almost useless for modern synchronous ("block-")
transmissions.

See also: Basic Settings
back to the chapter overview

10.10 7.3 RX/TX Switching Options

On this tabsheet in the terminal configuration window, the switching between RECEIVE ("RX") and
TRANSMIT ("TX") can be customized. By the time of this writing (2004-10), the following options
existed :

* Switch to "receive" automatically if the TX-buffer is empty
This option is highly recommended for the "slow modes", especially if there is the risk that the
radio operator falls asleep.

* Switch to "transmit" automatically if the TX-buffer is not empty
Only useful for certain slow modes if you can type faster than the terminal can send. Not
recommended for fast modes, because this may result in unwanted gaps between the transmitted
characters !

* Half duplex operation, either ADC or DAC enabled, but not BOTH at the same time
This option was introduced because some older soundcards caused problems when the
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analog/digital- and digital/analog-converters were running at the same time (causing dropouts in
the outgoing audio stream, or unwanted "oscillation" from the internal feedback).

* While transmitting, connect spectrum analyser to the modulator output
Especially helpful in the HELL modes, to use the spectrogram display as monitor for your own
transmission. When switching from "TX" to "RX", the spectrum analyzer will be connected to the
audio input again ("L1" in the circuit ).

See also:
Digimode Settings, Advanced Settings

back to the chapter overview

10.11 8. Interpreter Commands for the Digimode terminal

A few settings and parameters of the 'digimode terminal' can be controlled from Spectrum Lab's
command interpreter. To modify a parameter, use a formal assignment like
"digimode.decoder.afc.fregq=1200". The token "digimode" can be abbreviated as "di" if
necessary.

Functions and procedures to control the digimode terminal are:

digimode.decoder.afc.freq
Read or modify the current AFC frequency. A typical use is to connect one of Spectrum Lab's
frequency markers to the center frequency of the digimode decoder (if the used mode supports a
kind of automatic frequency control, like PSK31).

digimode.rx.count
Returns or clears a counter for all received characters. To clear the counter, set it to zero like this:
digimode.decoder.rx.count=0 .

digimode.rx.text
Retrieves or modifies or clears the text in the RX window as a single string of characters. To erase
the text in the terminal's RX window, assign an empty string to it: digimode.rx.text="".
Note: The configuration "GB3SSS beacon monitor" uses this function to print the output of the
PSK31 decoder into the spectrogram shortly after the end of the beacon's transmission cycle.

digimode.state
Accesses the current state" of the digimode. Possible states are: O=terminal "off" (passive),
I=receiving, 2=transmitting. By assigning a value, you can change the state through the interpreter
(this is possible for other applications too, using the mini-web-server or the message-based
communication protocol). Example:
digimode.state=1 : REM receive

digimode.freq
Read or modify the audio center frequency for transmission.

digimode.mode

Get or set the operation mode. Possible values are:

0 = mode is unknown or not important for the current code set and/or modulation

1 = single characters

2 = blocks / packets of data bytes

3 = Hellschreiber or similar image-transmission modes (not really "digital")
digimode.modulation

Modulation type. Possible values (by the time of this writing..) :

0 = no modulation (emit "baseband" signal)

1 = other modulation types except the following... (possibly dictated by mode or other parameters)

2 = ASK (amplitude shift keying only; includes on/off keying)

3 = ASK+FSK (amplitude+frequency shift keying, combined)

4 = PSK (phase shift keying, but neither BPSK nor QPSK)
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5 = FSK (frequency shift keying only)
6 = APK (amplitude+phase keying)
7 = PMT (parallel multi-tone, only used for certain HELL modes)
8 = BPSK (binary phase shift keying)
9 = QPSK (quarternary phase shift keying)
10 = OQPSK (offset-QPSK)
11 = MSK (minimum shift keying)
12 = m-valued PSK (not supported by the digimode terminal itself)
13 = MFSK (multi-frequency shift keying; only one "tone" at a time)
14 = CMT (chirped multi-tone, used for DF6NM's chirped HELL)
digimode.codeset
Read or modify the number of the codeset. Possible values are:
0 = unknown (dictated by the DLL used to generate the code; or -without a DLL- sends 'raw ones
and zeroes', one symbol per digit)
1 = Morse code
2 = Baudot (teletype)
3 =ASCII, 7 bit
4 = ASCII, 8 bit
5 = G3PLX Varicode (widely used in PSK31)
6 = WSQ 'Varicode 3'
7 = reserved for future use
8 = Random bitstream (for testing purposes)
11 = RTC SR104 (used by DGPS beacons on medium wave)
12 = DTMF ("telephone touch tones")
digimode.symrate
Get or set the symbol rate ("speed"), measured in symbols per second like in the configuration
screen.
digimode.tx(<string to transmit>)
Clears the old contents of the TX buffer, switches to transmit, and sends the specified message
regardless of the text entered in the terminal. This can be used for beacon-like transmission (use this
command in a PERIODIC, SCHEDULED, or even a CONDITIONAL action).
The text itself can be a simple constant string of characters, but also a variable expression like in the
following example:
di.tx(str("hh:mm:ss" ,now)) : REM send some text with the digimode
terminal

(there will possibly more here in future..)

Note: You can invoke interpreter commands from the transmit window itself, with an exclamation mark
embedded in angle braces, as described here. But usually, interpreter commands will be invoked from the
command interpreter window, or from the periodic/scheduled/conditional event window .

back to the chapter overview

See also: Spectrum Lab's main index .

10.12 8.2 Calling interpreter commands from the terminal's
transmit window

For some *very* special applications of the digimode terminal, it is possible to invoke any interpreter
command (not only interpreter commands for the digimode terminal ) from the transmit window. The
commands must be embedded in angle braces, and preceeded with an exclamation mark like in the
following examples.
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Here is an example for text in the TX window, with an interpreter command which will be invoked when
the transmit pointer reaches it:

The quick brown fox jumps over the lazy dog.
<!sp.print("Transmission finished")>

This example first sends a line of text, and then prints the message "Transmission finished" into the main
spectrogram.

Notes embedding interpreter commands in the transmit text:

* The command, including the embedding angle braces, must not be longer than 80 characters.

* Such interpreter commands are not limited to commands for the digimode terminal; in fact any
interpreter command may be invoked this way. But do not call slow subroutines from here because
it may disturb the transmission.

* The execution of the interpreter command is usually delayed until all characters before the
command have been transmitted. However, in some cases (especially for high data rates) this may
not work properly - for example, if the digimode driver uses an internal buffers of unknown size.
In such rare cases, use a delay command in the sequence to make sure the terminal has finished
transmitting 'important’ data bits before you modify settings which affect the ongoing
transmission.

10.13 9. Appendix

10.13.1 Sending VARICODE via MSK

Varicode is a codeset with variable length ("bits per character"), optimized for plain english text.
Characters are separated by two consecutive "zero"-bits, which do not occurr in any of the VARICODE
characters. Please read the excellent PSK31 documentation by Peter Martinez (G3PLX) if you are
interested in the details. The original PSK31 mode uses BPSK or QPSK to transmit the varicode
characters. Here, for MSK (minimum shift keying), the following bit encoding scheme is used:

* A '"zero"-bit is signalled by a transition in the TX-frequency
* A "one"-bit is signalled by NO transition in the TX-frequency

That's all ! If no characters are in the transmit buffer, a sequence of logic "zeros" is transmitted, which
produces a wharbling "idle tone" of alternating high/low frequencies. This corresponds with the 180°-
phase reversals in BPSK31. Without this, there would be no bit synchronisation for the receiver if the
transmitter has "no characters to send". This happens regularly in the keyboard-to-keyboard
communications, which PSK31 (and now MSK31) was intended for. If signals are too weak for MSK31,
use MSKO08 instead.

You can easily tell an MSK31 signal from a PSK31 signal by looking at their spectra in the waterfall
display:

» The PSK31 "idle tone" consists of two lines, exactly 31.25 Hz apart, equal amplitudes
* The MSK31"idle tone" consists of three lines, the outer two spaced 31.25 Hz, the line in the center
is about 10dB stronger than the two outer lines.

Of course, the spectral spacing of the idle tones will be different for lower symbol rates.

Last modified : 2020-10-23
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Bendtigen Sie eine deutsche Ubersetzung ? Vielleicht hilft dieser Ubersetzer - auch wenn das Resultat
z.T. recht "drollig" ausfillt !
Avez-vous besoin d'une traduction en francais ? Peut-&tre que ce traducteur vous aidera !

* Digimode Terminal: Top
» Settings
* Tuning

* Receiving
* Transmitting
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* Contents
* Controls
* Displays
» Settings

* Filters
s W

11 Digital Filters

The digital filters are embedded in Spectrum Lab's test circuit. There is one 'large' (FFT-based) filter for
each of the two possible channels, but both channels can be combined into one long processing chain. A
filter can be used for many purposes. This chapter mainly describes the FFT-based filter. In addition, each
of Spectrum Lab's four "DSP Blackboxes" can operate as a simple IIR bandpass filter (see links below).

Contents of this document:

1. FET filter (with frequency inverter, -shifter, autonotch, denoiser, various filter types and plugins)
1. Control panel (for the filter)
1. Controls and Options for the FFT-based filter

2. Special frequency ranges for the FFT-based filter
2. Controlling the filter via SL's main frequency scale
3. Frequency Conversion ("pitch shift")
4. Frequency Inversion (USB <-> LSB pitch shift")
5. FFT-based autonotch (automatic notch filter)

6. 1/Q processing (with the FFT filter)

1. FET-filter used as I/Q modulator (to generate SSB signals for I/Q-based
transmitters)

2. FFT-filter used as I/Q demodulator (demodulate SSB from a frontend with I/Q
output)

7. FFT Filter Plugins

2. Filter implementation

3. Starting and stopping the filter

4. Testing a filter
5. DSP literature
6. Interpreter commands for the digital filters

See also: Spectrum Lab's main index, 'A to Z', circuit window, comb filter, simple IIR bandpass filters in
each DSP blackbox .
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11.1 FFT filter

The FFT-based filters are basically FIR filters, but the filtering is not done in the time domain. The input
signal is transformed from the time- into the frequency domain (using the FET), the spectrum multiplied
with the filter's frequency response, and the result is transformed back into the time domain (using the
inverse FFT). Though this sounds more complicated than the classic FIR implementation in a DSP, it's
actually much faster if the filter has a high order (=a large number of coefficients). And it offers some
special options -see the list of operations below- which are otherwise difficult to achieve.

With an FFT-based FIR filter, you can realize increadibly steep transitions, extreme stopband attenuation,
and a linear phase - which is almost impossible with a simple FIR- or IIR filter. Since 2006, the filter can
additionally move frequencies up or down, and turn USB into LSB (upper / lower sideband). The
following list shows the sequence of the operations performed inside the filter:

1. Transform a block of samples from the time- to t