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1 Introduction

TheSTEPSs a program for the frequency response measurementalketgrodyned steppesine
technique. Compared to the Fourier analyteat uses random noise excit@n, this technique gives
alarger dynamic range (at least 30dB), but measurements are much slower. This program is also
useful for measuring harmonic distortions as it estirttadinear part ofhe system responsandthe
magnitudeof distortedsineharmonics.

1.1 Requirements

Minimum requirements to use tIS§EPSare:

o Operating systems: Window2000/ XP / Vista/ 71 32 bit

o Processor class Pentium, cldoquency600 MHz or higher, memor256v for Windows
2000/XP or 2MB for Vista/Windows 7

o Full duplex soundcard with synchronous clock for AD and DA converters

o WDM or ASIO soundcard driver (ASIO is trademark and software of Steinberg Media
Technologies GmbH).

TheSTEPShas been successfully used with following soundcards:

RME Fireface 800RME Fireface400, RME HDSP

EMU 1616m EMU 0404USB, Duran Audio BAudio USB

M-audio Audiophile 2496, USB Transit, Delta 44,

Terratec EWX 24/96Firewire FW X24 YAMAHA GO46

Digigram VxPocket 440 a notebook PCMCIA card

Echo Layla 24

ESIQuatafire 610,U24 USB and Waveterminal,

TASCAM US-122- USB audio

SoundblasteX-Fi,

Soundblaster Live 24 and ExtigySB (but only at 48kHz sampling frequency),

Turtle Beach Pinnacle and Fuiji cards,

Soundblaster MP3+ USB (notice: don't install SB driver, use a Wind&default driver),
Soundcards and dmoard audio with AC97 codecs (problem with high noise in FTT mode).

O OO0 O0OO0OO0OO0OO0OOOOOoOOo

The Installation of this software is easy; use ARmMmgtallationprogram or just copy the
program'steps.exe” and the help file "steps.chm” in sdoider and make a shortcut to it. All registry
data will be automatically saved at the first program execution.

Files with extension ".HSW" are registered to be opened with the pré&&F&RS They contain the
frequency response datResults of measaments can also be saved as texté8Cll formatted
files.

The STEPSJloes not output graphs to the printer, instead all graphs can be copied to the Windows
Clipboard and pasted to other Windows applications.



1.2 Measurement Hardware Setup

In this documentywve refer to following measurement setups:

1. Dual channel measurement setup
2. Single channel measurement setup

The general measurement setuptf@system testing is shown Fig. 1.1. The soundcard left line
output channel is used asignalgenerator outpuf heleft line-input is usedo measue aD.U.T.
output voltage antheright line-inputis used to measurelaU.T. input voltage. In a single channel
setup,only aD.U.T. output voltage isecorded The ®tup for acoustical measuremeistshownin
Fig. 1.2.
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connectad in
Ingla chanmal
Sr"lgselil-l:'lf‘lﬁ L
right out
Signal
left out generator
souncard

Figure 1.1 General measurement setup thoe system response testing
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Figure 1.2Measurement setup for acoustical measuresnent



To protect the soundcard input form large voltage that is generated at a power amplifigritastp
recommended to use the voltage probe circuit with Zener diodes, as shown on Fig. 1.3. Values of
resistors R1 and RBave to be chosen for arbitrary attenuation (i.e. R1=8200 and R2=910 ohms gives
probe with-20.7dB (0.0923) attenuation if thewswicard has usual input impedard®k ). In a

single channel mode this probe is not connected.

—AM

Fower
Amplifier
Output

5

R1

Fener
41
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Sound
Card
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Figure 1.3Voltage probe with soundcard input channel overload protection



1.3 Heterodyned Measurement of Sine Response

The idea ofa heterodyned measurementasdinusoidalresponse is as lfows.

We assume thattime-invariant system is excited withsinusoidal signa(t) of known frequency
amplitudeand phaes At the output othe system we measuenoisyanddistortedsignaly(t);

y(®) = Asin(ut +/ ) + g Acsin(knt +/ ) +n(t)

k=2

A1 is aamplitudeof the base sinusoidor base harmonigc)/ 1 is aphase othe basesinusoid n(t) is a
noiseandAy is aamplitudeof k-th harmonic (distortion)

We want to estimatthe amplitudeandthe phaseof harmoniccomponentsvith a minimal noise
influence We can achies thatby usinga heterodyned technique extractk-th harmonic component
from y(t) by multiplying it with acomplexform of theinput signatthat hasknownfrequencyw;

g, () =sin(kut) + jcoskut) = je" M, i=12,...

and integrang the producty(t) gq«(t) in atime T. Whatwe get isk-th signal harmoniéiltered with a
heterodyndilter of bandwidthequal to IT. The former procedure igjaivalentto the estimatiorof
thek-th harmoniccomponenby the Fourier seriegxpansion

1 e A A 1% |
G =i ye g = 00§+ j¥sinj  + j = ffother_harmonics noisge **dt

0 2 0

Note: the multiplicabn with j is arbitrary;that waywe getthe proper phase estimation.
An exact solution is possible only if there is no noiseifititeintegration timeT is equal tathe

multiple of L/w. In thatcasetheintegral term obther_harmonicss equal tdahezeroandwe estimate
theamplitudeandthe phase by the expression:

A =2/Re,)’ +Im(c,)’
m(ck))

/. =arctan
‘ eC.)

In the presence dhenoise,we haveabiased esmation, but thabiaswill be very small if we applha
long integration timehatgivesa small bandwdith of a heterodyne filter.

To calculatehe Fourier serientegral we can use some numerical integration algorithm; the simplest
is the DiscreteFourier Transform

In a discretelomain,the conditionthat integration timés a multiple of a sinusoidperiodcannot be
fulfilled, and wehavea "leakage" irthe spectal estimation Theusualtechniqueto suppresshe
leakage is t@pplythewindow functionw(t) (well known are Hanning, Blackman or Kaiser window).

The STEPSusestheKaiser window ané special fom of DFT algorithm called Goertzel algorithm.



The STEPShowsthedistortion of sinusoidal signal induced byh harmonic component as
percentage of harmondistortion (%) or a harmonidistortion level indB:

D, (%) = 100 (AYA;) - percentag ofn-th harmonic distortion

D, (dB) = 20log(A/A;) - distortion level oin-th harmonic component
The STEPSshowsthe Total HarmonicDistortionof a sinusoidal signal as

THD (%) = 100 sqrt((A+As+...Ar%Y) 1A

THD (dB) = 10log((A%+As*+...A) 1A
Fig. 14 showsthe STEPSPC based measuring system. The computer generatedgigftar D/A
filtering with atransfer functiorD, is applied to the test system that hasnsfer functiorH. Note
thatH representhebest linear fit ofa possible nonlinear transfer function. The generator noise is
neglected. The output from the test device, togetheramttdditive system noise, is acquired by the

computer as a discrete signal sequendéne acquisition process implies the use ofuatialiasing
filter that hasatransfer functiorA.

MNoise
D/A filter ”(L A/D filter
g D H (+) 4 =y

D.U.T

Figure 14 Block diagram of measuring system

Note: In acoustical measurements we neglect the influenteegienerator noise arttie noise inthe
input channek, as they are much smaller thie noise and distortions ithe output channey.
In adual channel modethe input to the test device is acquired by the computer as a discrete signal
sequence. The output from test device is acquired by the computer as a discrete signal sgquence
Then theD.U.T frequency responss,

Magnitud€H) = MagnitudgX) / MagnitudgX)

PhaséH) = PhasgY) - PhaséX)
In asingle channel modesignal ata system inputs not measuredndthesignalg from - computer
memory- is treatedas a system excitatioNlow theestimated frequency response includes response of
A/D and D/A filters;

Estimated Magnitudél) = Magnitud€Y) = MagnitudéDHAG)

Estimated Phagel) = Phas€Y) = Phas€DHAG)

This mode is also calledlevel mode as STEPS actually shows level attheasured system output.



For both measurement modesgtime relationshipetweerthe excitationsignaland analyzed signals
is illustratedin Fig. 15.

transient time pause transient time
| excitation signal
o e Y .
M S Y e
~, ~ \ \..
~ >~ ~ > ;
analyzed signal
delay

H integration time

Figure 1.5 Time relationship betweethe excitationsignaland analyzed signsl
The wser has talefine several measurement parameters:

range of frequencief®r the excitation signal,
frequency incremerietween two measurements (in STEPS user chob$e4/12, 1/24 or
1/48 octave frequency increment)
I/0 delay n a measured system (i.e. delaynfrloudspeaker to microphone),
integration time ér heterodyne filtering (common values are from 100ms to 1s),
o transient timahat is necessary to reach a steatdfe condition (in acoustical measurements,
if we want to measure the influence of revedbien, the transient time should be greater than
onefifth of the reverberation time),

o duration of pausebetween two successive sine bursts (in acoustical measurements duration of
intra-burst pauseshould be greater than ofiéth of the reverberation tie)

Note: the criteria that transient time should be greater tha#iftheof the reverberation time assures
that the magnitude error will be lower than 1dB.

The measurement procedure is as follows:

1. Start measurements with burst of sine signal ofswnfrequency and
1 in single channel modecordthe system output signal,
7 in dual channel modecordsystem input and output signals.

2. Acquire the steady state response, aftetrémsientandl/O delay time Calculate the magnitude
andthe phase dahe frequency response, and magnitudes of harmonic distortions, using Fourier
transform.

3. Increment the working frequency. If that frequency is insideiskeedefinedrange, wait fothe
predefinedntra-burst pause timand then repeat the step 1.

For all above operations tl&eTEPShas a suitable user interfacEhat interface will be described in
the next chapter.
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2 Using STEPS for stepped-sine testing

The Stepshas the main program window as shown in Fig. 2.thenu bar and a toolbar are the top
of the window and a status bar is on the bottom of the winddwe. central part of the window shows
the magnitude and the phase pldhe control bar on right side of window is used for graph margin
setup.

! Untitled.hsw - Steps ;lglil

File ©Owerlay Edit Wiew Record Setup Help

Eir"'ﬂ| I | @ || =0 88| @ Mg Ph MP M:D | D%
Start(Hz) | :I Stop(Hz) | 20000 :I Step Iﬂlznct ~| Delay(ms) [0.00 AutoOvr [~
Top
FR magnitude dB VY -
20.0 5 -
15.0 T
10.0 E —I
3

Fil:

5.0 Range
3
5.0 hd

-10.0 ﬂI

-15.0

-20.0 FrHigh

-25.0 JeN I

-30.0 FrLow
20 =0 100 200 S00 1k 2k ok 10k 20k Jj

fiHz)
Ready [L:-100.0dB | R:-100.0dE | Stepped Sine Response 2
Figure 2.1Main program window
Open Copy to Thick Stop Hardware Time View View
file clipboard lines  measurement selup record phase  magn. + distortion

v T VT

B 7y 1| » 8| = mm|@ | Mg ph me Mo 0%

L A |

Save Background Start Measurement FR View View Distortion
file color  measurement setup compensation magnitude magn. + phase plot

Figure 2.2Toolbar icons



Ready |L:-2.7d8  |R:-3.3dB | Stepped Sine Response 4

Figure 2.3 Status bar shows peak level (ref. full scale) of left and right line inputs

Start{Hz) I an i’ Stop{Hz) I 20000 :I Step I1,|'12u:u:t. vI Delay(ms) IIII.EIEI AutoOwr [~

Start (Hz) combo lox 1 chooses start frequency

Stop (Hz) combo boX chooses start frequency

AutoOvr check box if checked, on new measurement automatically sets current curve as overlay
Delay (ms)edit boxi enter delay for phase estimation

Changes graph top magnitude margin

Lel» é"

Fit plotted curve to graph top magnitude margin

rod

Lel» &

Changes graph magnitude range

Set I Opens dialog box for the setup of graph margins
FrHigh

< | »l Changes graph high-frequency margin

Friow
;‘ _»l Changes graph low-frequency margin

Figure 24 Top and rightdialog bas

Normally, we work with graph windows and dialogkes. We also need to géte copy othegraph
or thegraph window picture.

Copying of the full windowpictureis simple. User needs simultaneously press ke@irl+P . After
that command the window picture will be saved in the System Clipboard, from were the user can paste
it in other opened Windows applications (MS Word, MS Paint and Adobe Paint Shop).

To obtain the copy of the graicture, that is shown inside the window, user needs to simultaneously

press key£trl+C or activate the menu commarkdlit->Copy, or press appropriat€opy' button.
In main window toolbar, the 'Copy' button is shown as toolbar 0,

10



This commanapens the dialog boopy to Clipboard with Extended Information', shown in
Figure 1.16. Here user has to set three copying options:

1) In theEdit box user optionally enters the text that will be appended at the bottom of
thegraphl f t he cheektbox s68deeked the entered
next copy operation.

2) Check boxAdd filename and date enables adding text tbegraph that shows file
name, date and time.

3) Bitmap sizeis chosen by selecting one of following combo box items:

A Current screen size - variable width and height option
A Smallest (400 pts) - fixed graph width 400 points

A Small (512 pts) - fixed graph width 512 points

A Medium (600 pts) - fixed graph width 600 points

A Large (800 pts) - fixed graph width 800 points

A Largest (1024 pts) - fixed graph width 1024 points

The options with fixed width gives graph copy with the aspect ratio 3:2.

Pressing the button 'OK' copies the graph to the system clipboard.
Pressing the button 'Cancel' cancels the copy operation.

Copy to Clipboard with Extended Information 5[

Enter text that will be drawn on the bottom of the araph copy

Choose bitmap size ICurrent window size j

Add filename and date [~ Save text [ Cancel | QK I

Figure 2.5Dialog box Copy to Clipboard with Extended Information’,
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2.1 STEPS Menus

Here is a brief explanation afl Steps menus:

File

New - Creates a new file

Open...- Opens an existing file (*.HSW)
Save- Saveghe file with current name

Save As..- Saves the file under a new name

Export ASCII - Exports the file in a ASCII format:

Magnitude + Phase ¢ommented.TXT) - text file with comment text and with rows

containingfrequency Hz), magnitudedB), and phasédeg)

Magnitude + Phase (plain .FRD) text file with rows containindrequency(Hz), magnitude (dB),

phase (deg)

Magnitude + distortion (.TXT) - text file with rows containingrequency (Hz) and percentage

distortions for THD, 2nd, 3rdral higher order harmonics

Magnitude + Phase CSV) 1 CVS (Excel)file containingfrequency (Hz), magnitude (dB), and

phase (deg)

Magnitude + distortion (.CSV) - CVS (Excel)file containing frequency (Hz) and percentage

distortions for THD, 2nd, 3rd artdgher order harmonics

File Info - shows informatiorof currently opened file
Recent File- opens a recently opened file
Exit - exits program

Overlay

Edit

Set- sets the currenineasured FR curve as an overlay

Manage overlaysi opensthe'Overlay Manager' dialog bder editingof theoverlayd Bst.
Deleteall - deletesall overlays

Deletelast - deletedast entered overlay ovenls

Load - loads an overlay frorSTEPS (.hswjile.

Load impedance overlay loadsimpedanceverlay from.zma or .limfile.
Deleteimpedance overlay deletesdaded impedance overlays.

Undo - undoes last state
Copy - copies graph as a bitmap to the windowplbard
Colors and grid style - sets graph colorand gridplotting style
B/W Color - changes the background color dack or white
Use thick pen- sets pen style to draw thicker lines
Smooth Magnitude- Power smoothemagnitude in band
1/1 octave
1/2 octave
1/3 octave
Scale level scales the magnitude level

LF box diffraction - scales the frequency response with response of loukispbax LF diffraction

Cut below cursor - cuts plotted points below the cursor position



Cut above cursor- cuts plotted points above the cursor position

View

Toolbar - shows or hidesthe toolbar

Status Bar- shows orhides the status har

Fit graph top - fits graph top margin to maximum magnitude

Time Record- shows the time record of the last recorded signal

Percentage distortion- shows window with loglog plot of percentage distortion
Magnitude - shows the magnitude

Phase- shows the phase

Magnitude+Phase- shows the magnitude anthe phase

Magnitude+Distortion - shows the magnitude, 2nd and 3rd harmonic distortion

Sound pressure units sets the sound pressure unit if the microphone input is enabled to:

dB re 20uPa/V
dB re 20uPa/2.83V
dB re 1Pa/V

Record

Run - starts recording (measurement)

Stop - stops recording (measement)

Distortion vs. amplitude - opens dialog for stepped amplitude distortion testing
Linearity function - opens dialog for stepped amplitude I/O linearity testing

Distortions and Displacement opens dialog for stepped antplie masurement of displacement

Setup

Audio devices- sets current input and output devices

Calibrate devices- calibratesthe soundcard and the microphone

FR compensation gets dialog box fofrequency response compensation
Measurements- configures measurements

Graph - sets graph margins

CSV format - setsdecimal separator character for CSV fi{dst or comma)

Help

User Manual - shows the help file
Registration - shows licens registration info
About... - showsinformation about th& TEPSrersion

Useful shortcuts keys are:

Up andDown keys - change the top graph margin

Left andRight keys - move the cursr left and right

Ctrl+S key - saves the file

Ctrl+N key - makes a new file

CtrI+O key - opens the file

Ctrl+C key - copies a graph bitmap to the clipboard (with user defined options )
Ctrl+P key - copies a whole window bitmap to the clipboard

Ctrl+B key - changes background color

Ctrl+A key - sescurrently plotted curve as overlay

Ctrl+M key - opensoverlaymanager window

13



2.2 Audio Devices Setup

Before you start measuring you have to setup your hardware and audio devices byttiakiegu
'Setup->AudioDevices or by clicking the toolbar icor=¥. You will get the dialog box for the audio
devices setp shown in the Fig. 2.6

Audio Devices Setup x|

— Soundcard

Seundcard driver |WDM - Windows multimedia driver | ¥|  Control Panel |

Input channels IMil:erhl:unE (SoundMAX Integrated j

Wawe Format

DOutput channels ISpeakers (SoundMAX Integrated D j IFI::uat j

—Ij0 Amplifier Interface

Lineln Sensitivity J000 LineCut Sensitivity I 1000
(mvpeak - left ch) (mVpeak - left ch)

Ext. left preamp gain I 1 L/R channel diff. (dE) I o
Ext. right preamp gain I 1 Power amplifier gain I 1

—Microphone

¥ Microphone Used On ILEf‘t Ch vI Sensitivity (mVPa) I 5

Save setup | Load setup | Cancel | QK I

Figure 2.6 Dialog box for audio devices setup

The'Audio Device Setup'dialog box has following controls:

In sectionSound Card:

Sourdcard driver - chooses thé&ype of soundcardiriver (WDM i windows multimedia drivermoone of
installed ASIO drivers)

Input channels- chooses the soundcargput stereo channel8SIO driver can have large number of
channels.

Output Device - chooses the soundcard outptéreo channels

Generally, user chooses input and outphannés of thesamesoundcardmandatory in ASIO driver
mods.

Control panel buttoni if WDM driver is chosenit opens sound mixer on Windows 2000/XP or Sound
controlpanel inVista/Win7. If ASIO driver is choserit, opens ASICcontrol panel.

Wave formati onWindows 2000/XRchooses Windows wave formds bit, 24 bit 32 bitor Float Float
means |IEEE floating point single precision3i2 format.It is recommended to use -t or 32bit modes
when usinga high quality soundcar@nany soundcaghre declaré as 24bit, but their real biresolution
is less than 1its). On Windows Vista / Windowg, it is recommended to choose resolution typleat
This controlhas no effect in the ASIO mode, wheréit resolution hat be setup in the ASIO control
panel

14



In sectionl/O amplifier interface:

Lineln sensitivity - enters the sensitivity of the line input (i.e. peak voltage in mVahiaespondso the
full excitation of the line input)

LineOut sensitivity - enters the sensitivity of the left line put (i.e. peak voltage in mV that corresponds
to the full excitation of the line output).

Ext. preamp gain- If you connect a preamplifier or voltage probe to the line inputs you should enter the

gain of the preamplifier or probe attenuation in the eab, lotherwise set it to unity gain.
LR channel diff. - enters the difference between the level of the left and the right input channels in dB.
Power amplifier gain - If you connect the power amplifier to the lioatput, and if yowneed calibrated
resuts in single channel setup, you have to enter the power amplifier voltage gain.

The best way to enter these values is to follow the calibration procedure as described in the next chapter.

In sectionMicrophone:
Sensitivity - enters the sensitivity ahe microphone in mV/Pa.

Microphone used- check boxf you use the microphone and want the plot to be scaled in dB a2y

dB re 1Pa. Also, use combo box to choose the channel where the microphone is connected (we strongly

recommend to use the soundcard left channel as the microphone input channel).

The setup data may be sawedl loadedby pressing the buttorSdvesetup’ and Load setup'. The setugfiles
have theextension '.cal’

Important notice: Please mute the line and microphone channels at the output mixer of
the soundcard; otherwise,you might have a positive feedback during measurements. If
you use a profssional audio soundcard, switch off the direct or zertatency monitoring
of the line inputs.

2.2.1 Windows 2000 / XP WDM driver setup

After selection of the soundcard user has to disable (mutenlisved microphone inputs in output
mixer. In addition,user has to select which input will be used for recording: Line In or Microphone
(Mic). For a standard P&bundcardghe procedure is as follows:

4) | nAudio device setufdialog,c | i ¢ k t GoatrollpanelGtocopen the
Wi n d dMaster Wolumed  d ibax|which is shown on Fig. 2.8.

5 Cl i ¢k oQOptiomsePrapertyé and sel ect soundcard
for output (playback), as shown in Fig. 2.7.

6) Mute Line In and Mic channelshi al o g Vdumeds t(eFri g. 2. 8) .

7) Set Master Volumand WaveOut volume to maximum.

8 CIl i ck oOptiomePmopertyd and sel ect soundcard
for input and enable Line In and Mic channels in recording mixer.

9) Choose Lindn or Mic Input. Normally, STEP8ses Line In input on which external
microphone amplifier should be connected.

10) Set volume control of Line In to some lower position. Later it will be set more
precisely.

15
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Mocer device: IHeaHek HD Audio output j

— Adjust volume for
¥ Playback

£ Fecoding

£ Other I j

Show the following volume controls:

Master Volume
Wave

SW Synth

CD Player

Mic Valume
[ FC Beep

K i
| QK I Cancel |

Figure 2.7 Dialog for choosing soundcard and input/output channels

ii Master Yolume 5 =10 %]
Options  Help

bl azter Wolume W e CD Audio Line In Mizrophone

B alance: Balance: Balance: Balance: Balance:

Yalurne: Walume: Walume: Yoalume: Yoalurme:

- e T L -
™ hute all ™ Mute [ Mute ¥ ute ¥ HMute
Advanced | Advanced |

|Inte|{r]l Integrated Audio

Figure 2.8 Typical setup of a soundcard output mikelWindows XP

Note: Most professional audicsoundcardshave their own program for adjustment of input and
output channel, or have hardware control of input monitoring, and input and output volume
controls.
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2.2.2 Vista/ Windows 7 WDM driver setup

Microsoft has changettheir approach in control of sound devices in Vista / Win7. Now operating
system (also, sometimé@sconjunction with control programs of professional soundcards) is
responsible for setting soundcard native sampling rate and bit resolution. Operating system changes
native resolution to floating point format for highality mixingand eventually forite sample rate
conversion.

For ARTAthis means that it is strongly recommended toraselution typefloatdand sets the

sampling rate to the native format. Access to these valirgidndows sound control paned |,

which user getdy clickingthebutton Cantrol Paneld thedAudio Device Setuddialog

Fig. 2.9 shows VistaWin 7 control panel, thatas foumproperty pages.
As first step, user has to adjtBlayback pagéand later repeat the same proceduréRecording
pagée. Adjustment steps are

1) Click on channel info to choose a playback charlhid.not recommendetb use the
measuremerthannel as a default audio channel

2) Cl i ck ofropbrtiesdot @« m @ p e Bosind propartiesde Idi @1 o g .

3) Cl i ck obevelsh et a adp én ixer (asan Fag2 10)p Thenmute Lineln and
Mic channels, if exist.

4) Cl i ¢ k o Advandeato detahle chénnel resolution and a sample rate (as i2.Eig.

5) Repeat previous procedure 1) to 4) for recoding channel, and choose the same satapkng
in the playback channel.

x
Playback |Recording I Sounds I Communications I

Select a playback device below to modify its settings:

Speakers
G046 Audio Device
| Ready

Digital Cutput
g G046 Audio Device
Ready

Speakers
I SoundMAX Integrated Digital HD Audio
6 Default Device

SPOIF Interface
g SoundMaX Integrated Digital HD Audio
Ready

Configure | Set Default |v| Properties I
oK | Cancel | Gpply |

Figure 2.9 Vista Sound Control panel
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% Speakers Properties

%| Speakers Properties

Figure 2.11 Setting the native bit resolution and sampling rate in Vista
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Note: Many driversdo not work stable und&¥indows 7. In thatase please use ASIO driver if
soundcard has one.

2.2.3 ASIO driver setup

ASIO drivers are decoupled from the operating system control. They have their own control panel to
adjust native resolutioand memonpuffer size. The buffesiused for transfer sampled data from the
driver to the user programsUe r o pens t he ASI O c onContraPangbanenl by
t h A&udidDevice Setup d i a l2dshows-an gxample of ASIO control panel.

sz
fasiol

Freferences
(1] 4
Buiffer Size: |2|:| iz j —l
Cancel |
Bit Depth; | 32+ =]

[ Per &pplication Preferences
=E-MLU

Figure 2.12 E-MU TrackerPre ASIO Control panel for setting biesolution and buffer size

In musicapplications useausually setbuffer sizeas small as it is possible for the stable work. That

gives the lowest input/output latencgystemintroduceddelay).

In STEPS the latacy is not problem, as it is encountered in software, but it is not recommended to

use buffer with size larger than 2048 samples, or smaller than 256 samples. Some ASIO control panels
express the buffer size in samples, while other express the buffer sime [ms]. In thatasewe can
calculate the size in samples using followaxgpression:

buffer_size [samples] = buffer_size[ms] *samplerate[kHz] / number_of channels.

Some ASIO drivers allow setup of buffeze {(n samples) that is a power of nueni® (256, 512,
1024 )dén thatcase STEPSadjust buffer size automatically.

STEPSalways work with two input channels, and two output channels, treating them as a stereo left

and right channels. As ASIO support multichannel devices, user has to chnosea diAadioog box
Device Setup 6 whi ch pair of STBPHW/? 8/4,s). wi | | be used in
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2.3 Sound Card and Microphone Calibration

Menu commandetup->Calibrate devicesopens the dialog bo$oundcard and Microphone
Calibration' shown orFig. 213.

Calibrate SoundCard and Micro EI

—Soundcard full scale output (mV) — ~Soundcard full scale input (mV) — —Microphane sensitivity (mVPa)
1. Connect electronic voltmeter 1. Connect sine generator with 1. Connect microphone on
or scope on left output channel known output voltage on
t to 2V
(setrange | Channel m Channel Left |=
2. Generate sinus (400Hz) | 2. Enter voltage (peak or rms) Preamp gain I 1

Output level |_3d|3 vI 500 Im'l.l' rms j 2. Attach d calibrato
. S0Und Callbratar

3. Enter voltmeter (scope) value
3.  Estimate Max Input mV Pressure Level 94 dB
I 1000 I mY rms j
: Estmated ~ Current 3. Estimate Mic. Sensitivity |
4, Estimate Max Output mV | Left I 1000 I 1000 my
Estimated Current Right I 1000 I 1000 mV Estimated  Current
[ 2000 | w00 wy||Dff [ o [ o dB | 5 | 5 myfPa
Accept | Acceph | Accepk |
L I -7 I -30 I -0 I -10 i)
=0 I &0 I 0 I 0 I ) Cancel | oK |

Figure 2.13 Dialog box for calibration of soundcard and microphone

Three sections lead to the calibration of

(a) soundcard output left channel,
(b) soundcard input left and right channels and
(c) microphone calibration.

2.3.1 Calibration of Soundcard Output Left Channel
It is recommended to follow this procedure:

Connect the electronic voltmeter to the left line output channel.

Press the buttosenerate sine (500H2)

Enter the voltmeter readout in edit box.

Press the buttoizstimate Max Output mV*

The estimated value will be shown in the Bstimated.

If you are satisfied with the measurement, press the button 'Accept’, and the estimated value
will become the current value of theneOut Sensitivity'. Also, it will beautomattally

entered as a value for the input channel calibration.

ogarwWNE
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2.3.2 Calibration of Soundcard Input Channels

You can use an external generator or the output channel of the soundcard to calibrate the input
channels. In case of using the output channel cddledcard as a calibrated generator:

1. Set the left and the right line input volume to maximum.

2. Connect the left output to the left line input.

3. Press the buttoGenerate sine (80Hz) and monitor the input level at bottom peakters. If
the soundcard put is clipping, lower the level of input volume-&dB.

4. Enter the value of signal gerator voltage in the edit box, but only if it differs from value
used during output channel calibration (2.3.1).

5. Press the buttoEstimate Max Input mV'.

6. If you are stisfied with the measurement press the button 'Accept’, and estimated value will
become the current value of théneln Sensitivity".

7. Repeat 16 for the right input channel.

Note: This procedure is recommended as it guarantees that you can conmsecinitheard in loopback
mode. If you want to calibrate input channels with input volume set to maximum, many soundcards
require a reduction of the level of the output channel.

2.3.3 Calibration of the Microphone
To calibrate the microphone you must hawoand calibrator. Then:

Connect the microphone preamplifier to the soundcard input (left or right).
Enter the preamplifier gain.

Attach the sound calibrator on the microphone.

Press the buttoizstimate mic sensitivity.

If you are satisfied with a meagment, press the button 'Accept'.

arwnpE

Note: If you don't know the preamplifier gain, you can set some arbitrary gain value, but that value
must be used as a preamplifier gain in ghedio Devices Setupdialog box.

2.3.4 Frequency Response Compensation

The quality of measurements depends on the quality of used sensors, i.e. microphones. It is possible to
enter frequency response of sens@TEPSand make the compensation of their frequency response
(by applying the inverse of sensor FR to measured FR).

The menu comman8etup->FR compensationor click on icon gets the dialog box "Frequency
Response for Compensation"”, shown in Fi§42.

The dialog has a few controls and a graph thatvs the frequency response which will be used for
FR compensation.

The button_oad opens the dialog for loading ASCII files that contain frequency response data. The
file name must have extension .MIC and data entered in lines of text. Lines thatthtardigit or dot
characters must contain at least two values: first value is frequency in Hz and the second value is
magnitude of frequency response in dB. The third value is optional. It may be the value of phase or
any other text that will be treated comment. All other lines are treated as comment. After
successfully reading of the compensation fhe, path of the file will be shown in the box below the
graph.
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Load

Figure 2.14 Typical frequency response ah electremicrophone.

For example file MB550-B (shown in Fig2.14) has content:

microphone mb550
freq(Hz) Magn(dB)

48.280 0.34

48.936 0.28

49.601 0.21

50.275 0.16

The check boxShow spline interpolated datd enables us to see the interpolated FR curve that will be used in

FR compensation.

The buttonCopy' copies current graph picture on Windows clipboard.

The combo list boxRange (dB) sets graph magnitude dynamic range-100dB).

The buttonUsefrequency responsecompensation enables/disables frequency response compensation.
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2.4 Measurement Setup

For the setup of measurements useéMeasurement setup'dialog box shown in Fig. 251 You get

it by clicking the menuSeup->Measurementor by clicking the toolbar icoEd

Measurement Setup

—Measurement System

Response channel Left

Transient time (ms)

1/ delay (ms)

IDuaI chanel - Frequency response j

Sampling frequency (Hz) |43000 -

Min. integration time {ms) I 200
I 200

— Stepped Sine Generator

Start frequency (Hz)

I 100,00 TI
I 10000.00 vI

I 1/& octave vI

Generator level (dB re FS) -3 —

I 1000

Mute generator switch-off transients [

Stop frequency (Hz)

Frequency increment

Test frequency (Hz)

—

Intra burst pause (ms) I 200

Cancel | OK I

-10

Set current response as overlay | LElECE e

!
&
&

Figure 2.15 Measurement setup

The 'Measurement setupdialog box has following controls:

In sectionMeasurement System:

The first combo box kkooses mode of measurements
Dual channel- frequency response measurements
Single channel level measurements
Response channel choossthe Left or the Right channel
Sampling frequency (Hz)- choossthe sampling frequency (frof025to 192000 Hz)
Min. integration time (ms) - entes the minimal integration time (0 to 2000)
Transient time (ms)- entesthe transient time (0 to 2000ms)
I/O delay (ms)- entesthe estimated constant delay in the measured system
Intra burst pause (m9 - entesthe duration of pause between generation of two sinusoids
Set current response as overlay on new measurement automatically sets current curve as overlay

In sectionStepped Sine Generator:

Start frequency (Hz) - entesthe starting frequacy in Hz

Stop frequency (Hz)- entesthe ending frequency in Hz

Frequency increment- chooss an increment1/6,1/12, 1/24 or 1/48 octave

Generator level (dB re FS) entesthe output generator level

Test frequency (Hz)- entes frequency in Hz fotesting I/O levels.

Mute generator switch-off transient i suppres sine switebff transients, but measurement time is
enlarged.
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Button Generatestarts generation of test sine signal, and peak meters show input levels
ButtonDefault sets the defautheasurement configuration.

ButtonOK accepts measurement configuration

ButtonCancelreject changes in measurement configuration

2.5 Measurement Procedure

If you have donéheaudio device setup, the generator setup and the measurement settgrgadya
for measurements.

1. Connect voltage probes or other sensors to measured system output. In duzl ologe
connect voltage probes to measured system input.
2. Click the menu itenRecord->Start or click the toolbar icon ® .

Measurement will be repeated for logarithmically spaced frequeatidsesults shown as a
magnitude, phase, magnitude + phase or magnitude + distortion plot. To change the plot type

. |
press one of following icon: Mag  Ph M*E M0

Notes:
You can stop measurements prematurely by clicking the fRenard->Stop or by clicking the

toolbar icon® .
You can copy the graph bitmap to ttigboard by clicking the menigdit->Copy or by clicking the

toolbar icon & .

The quality of measurement depends on the quality of a soundeigtd.16 shows the frequency
response plot of a highuglity soundcard EWX 24/96. It is obvious that STEPS can measure
distortions that are more thar20 dB belowthe maximum signal level, but actual distortion resolution
depends on the quality of used souncard .

. Magnitude dBY

-20.0

mmmm-o

-40.0
500
-80.0

-100.0

m D3

-1zu.nmmmpm "0

1400 m lagn

20 50 100 200 500 1k 2k sk 10k 20k

f1208.1 Hz, Magn: -5.79 dB f(Hz)
D2:-107.94, D3:-112.12 dB

Figure 2.16 Typical frequency responsegplof a high quality soundcard. The bottom grey curve
shows second harmonic distortion d@hd red curve shows the third harmonic distortion.
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In acoustical measurement we usually measure much higher level of harmonic digtagtion2.7
showsthe frequency response asmall low-quality multimedia loudspeaker

FR magnitude dB re 20uPafy

100.0 g
50.0 T
E
20.0
Fl
70.0 5
60.0
50.0
40.0
30.0
20.0 D3
10.0 m b2
0.0 m Wagn
20 50 100 200 500 1k 2k Bk 10k 20k
f. 358.9 Hz, Magn: 75.90 dB fiHz)

D2:-49.59, D3:-60.99 dB
Figure 2.17 Typical frequency response and distortion level of a small multimedia loudspeaker.

You candefinethe current ploasoverlay plot, or you can load an overlay plot. The hanof overlay
plots is not limited.

File formats and nmapulations are explained in the next section.

2.6 Overlays

The overlay is a curve that is permanently shown besides the currently shown measurdcheurve.
user can sdhecurrent frequency resnse curve as oveyl, he camalsodefine some oveal/s
to have the crossovarget filter response. Manipulations with overlays are handled with
menuOverlay. It has following popup items:

Setas overlay- saves the curremurveas an ovedy.

Manage Overlays- opensdialog box 'FR Overlay Manager'

Deleteall - deletesall overlays

Delete last- deleteslast overlays

Load - loadsoverlayfrom STEPSihswofile.

Load imedance overlay- loads anmpedanceverlay fromazmador alimofile.
Deleteimedance overlayi deletes impedance overlays.

Advanced manipulations with overlays can be done using the dialo§R®@wverlay Manager
(shown in Figure.18). It is activated by menu comma Overlay->Manage Overlays:.
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[x

Overlay colors

Overlay manager x|

Magnitude response | Color | |

avli-w.haw

13- b I

[ avi3-x.hsw |

B[ w2 edited.rew e =
|
|
|
|
|

Add overlay | Celete sel | Change color | Cancel | I

Replace sel | Delete all | Chedk all | oK I Cancel | oK

|

Figure 2.18 Dialog box FR Overlay Manager and dialog boxOverlay colors

In the dialog, eme buttons replicate menu commands:

Add overlay - setscurrentcurve asanoverlay.
Delete all- deletes all overlys

Other buttos enable advanced operatton selected list box items:

Replace sel replaces selecteaverlay with current curve
Delete sel deletes selected overlays
Color - changes color of selected items using the dialog®@uegrlay Colors' shown in Figure2.18.

Mouse click on List box item has following effects:

Single click- selectdist items
Single click on check box makes overlay visible oiinvisible.
Double click - enable editing of overlay names

All list items can le set visible by pressing butt@heck All'.

2.7 File Manipulations

The STEPS uses special binary format to keep measured data in files whose names end with extension

HSW.

Besides measured data .HSW files can contain user defined text of arbittahy ldser can enter the
text in the edit box of File Info dialog (see Fig.@.IThis dialog can be opened by clicking menu
commandrile->Info.
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x

ile: i2-1000,hsw

tart frequency: 20.0

top frequency: 537.6

requency increment: 112 octave
um frequency points: 53

um channels: 2

icrophone measures system output
jcrophone sensitivity: 10,00 mV/Fa

| User additional information! ;I

Figure 2.19 Dialog for viewing and enter@file information

The format of binary .HSW file is as follows:

char filesignature[4] Il four signature characters: 'H','S",'W",' \ O
unsigned int version; // version of file format
int numpoints; /I number of measured freque ncy points
int numdist2; /I number of frequency points for D2 and THDs
int numdist3; /I number of frequency points for D3
if (version >= 0x0103)
int numdist4 /I number of frequency points for D4
if (version >= 0x 0104 )
int numdist  5; /I number of frequency points for D5
int numdist  6; /I number of frequency points for D6+
int numchannels; /I 1 or 2 (channel measurement)
int resolution; /I 24 or 48 of octave
int sm oothing; /1 1,2,3 of octave
int crspos; /I cursor position
int micused; // microphone: 0 -notused,1 - used on output 2 -
used on input
float micsens; /I microphone sensitivity V/Pa
float frequency[nu mpoints]; /[ freq  uency in Hz

float magnitude[numpoints]; // magnitude in dB
float phase[numpoints]; // phase in degree

float  D2[numdist2]; /I 2nd harmonic levels in dB
float  D3[numdist3]; /I 3rd harmonic levels in dB
if( version >= 0x0103)
float  D4[numdist4]; /I 4th harmonic levels in dB
if( version >= 0x010 4)
float D5 [numdist 5]; /' 5th harmonic levels in dB
float D6 [numdist 6]; /I 6th plus higher harmonic levels in dB
float THD[numdist2]; /l THDs levels in dB
int infotext_length; /I user info text length (in bytes)

char info[infotext_length]; // user info text
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Note: Dn denotes #th harmonic distortion, but D6 also contapower of 7th to 12th harmani
componaet. In files version 18 D4 containgpower of 7th to 12th harmancomponet.

Steps can export data in three textual forms:

1) Magnitude+Phase (commented .TXT)- contains comments lines and lines with data: frequency,
magnitude, phase.

<Steps info>
Start frequency: 200 .0
Stop frequency: 20318.8
Frequency increment: 1/12 octave
Num frequency points: 81
Num channels: 2
Microphone not used
< Steps values >
dBV/V
Freq(Hz) Magn(dB) Phase(deg)
200.0 0.01 0.0
212.0 0.01 0.0
2245 0.01 0.0
237.7 0.01 0.0

2) Magnitude+Phase (plain .TXT) - contains lines with data: frequency, magnitude, phase.

200.00.01 0.0
212.00.01 0.0
22450.010.0
237.70.01 0.0

3) Magnitude + distortion - hasfollowing form:

<Steps info>

Start frequency: 200.0

Stop fr  equency: 20318.8
Frequency increment: 1/12 octave
Num frequency points: 81

Num channels: 2

Microphone not used

< Steps values >

dBv/vV

Freq(Hz) Magn(dB) THD(%) Dist2(%) Dist3(% ) Dist4 ....
200.0 0.01 0.00072 0.00015 0.00061

212.0 0.01 0.00 082 0.00019 0.00061

2245 0.01 0.00083 0.00018 0.00069
237.7 0.01 0.00085 0.00015 0.00065
252.0 0.01 0.00093 0.00021 0.00070
267.0 0.01 0.00077 0.00019 0.00063
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2.8 Graph Setup and Editing

2.8.1 Graph Setup

The memn commandsetup->Graph Setupor pressing buttoBetin right control bar oright-clicking
mouse in the plot areapens the dialog bdGraph Setup' (Fig. 2.20Q. Use this dialog box to set the
plot type and adjust graph magnitude and frequency range.

Graph Setup x|

—Dynamic range (dB) —— —Freq. range (Hz)

View

Graph top I 20 High I 20000 Pressure units II:IEi re 20uPa /v j
Graph range I 30 Low I 20 Flot type IMagn + Distortion j

Fit to graph top | Harmonic distortion levels
Fr™ Wbp2 Mbp: ITpse D5 [ Da+

Default | pdate | Cancel I QK |

Figure 2.10 Graph setup

The Graph Setup dialog box has following controls:

Dynamic range (dB)section:
Graph top - entersthe valueof top graph magnitude
Graph range - entersthe graph magnitude range
Fit to graph top - sesthegraph topvaluefrom the current data

Freq. range (Hz)section:
High - entersthe highest frequency shown (in Hz)
Low - entersthe lowest frequency shown (in Hz)

View section:
Pressure units- choose: dB re 20uPa/VdB re 20uPa/2.83V or dB re 1Pa/V units.
Plot type - chooss: Magnitude, Phase, Magnitude+Phase or Magnitude+Distortion plot.

Harmonics distortion levels sectioncheck boxes
THD - showsthelevel ofthetotal harmonic distortian
D271 shows thelevel ofthesecond harmonic
D3 - shows thelevel ofthethird harmonic
D4 - shows thelevel of the fourthharmonic
D5 - shows thelevel ofthefifth harmonic
D6+ - shows thelevel of sixth plushigher orde harmonics

Default i sesdefault values.
Update - update the currentgraph.

Note: setupvalues caralso be choseby using theanenu command 'View'.
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2.8.2 Editing graph colors and line style

We edit some graph valsiby using commands from merkdit'. For changing the
presentation athe grgoh we use following commarsd

Colors and grid style - Sets graph colors and giidbtting style
Use thick pen- Sets pen style to draw thicker lines

Graph colors can be changed in two waysstione is to change the color scheme friBiack”
background mode to "Whitddackground mode. It can be done by clicking the méew->B/W

color or by clicking the toolbar icor? .

The second waytchange graph colors is "user mod&he user sets an arbitrary color for every
graph element using tltkalog box'Color Setup’, shown in Fig. 21. You activate it by clicking the
menuEdit->Colors and grid style The color setup is different for "Bletbackground mode and
"White" backgound mode (as shown in Fig22). The magnitude curve ust®e Plot pen 1 colorthe
phase curve useke Plot pen 2 colorthe harmonic distortion curves use Plot pen 2 to Plot pen 6
colors,the THD curve useshe Overlay 8 color.

Clicking the left mouse button on a named color rectangle opens the standard Windows dialog box
'‘Color' (Fig. 2.17) which serves as color picker.

Button Default restores default colors.

Note 1:If the check boxAll overlays with same mlor' is checked, albverlays will be plotted with
same color.

Note 2:If the check boxDotted graph grid' is checked, the graph grid will be drawn in dotted style.

Graph grid style is defined with three options:

1 If the check box'Dotted graph grid' is checked, the graph grid in all tygef graphs will be
drawn in dotted style.

1 If the check box'Add axes tick marks' is checked, FR and Spectrum graphs axes will have
tick marks.

1 If the check box'Add subgrid on manitude axis'is checked, FR and Sgteum graphs will
have denser magnitude grithis option disables the dotted grid option.
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x
—Basic colors —Overlay colors
Graph background IR Overlayl [
Graph ticks+border RN Overlay2 [
Plot penl | overlays [
Plot pen2 I Overlayd [T
Flot pen3 | overlays [
Plot pen4 Overlays [
Plot pens ] Overlay? [
Plat pené I Qverlayd |
Grid color | Overlays
5ubGrid color I |
Cursor color [ Overlay1l [
Marker color | Overlay12 [N
—Graph grids Overlay13
Dotted graph grid [~ Overlay14
Overlay1s NN
Add ais tick marks [
Add subarid on magnitude axis W All overlays use same color [~
Default | Cancel | ok |

Figure 2.21 a) Dialog boxes for graph color setup in black background mode

x
—Basic colars — Overlay colors
Graph background [~ Overlayl |
Graph ticks+border I Overlay2 [
Plot pen1 I Overlay3 |
Flot pen2 ] Overlay4 [N
Flot pen3 | Overlays [
Plot pen4 | Overlays |
Flot pens ] Overlay7 |
Plot pens | Overlays I
Grid color I Overlays N
subGrid color | Overlay1o I
Cursor color . Overlay11l [N
Marker color | Overlay1z [N
~Graph grids overlay1s [
Dotted graph grid [ Overlayl4 [
overlay1s [N
Add axis tick marks W
Add subgrid on magnitude axis [ All overlays use same color [~
Default | Cancel ok |

Figure 2.21 b) Dialog boxes for graph color setup in white background mode
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Define Custom Colors > > "

| DK I Cancel |

Figure 2.22 Standard Windows dialog box for choosing colors

2.8.3 Editing plotted curve

For editng plotted curve we use following commands:

Smooth Magnitude- smoothes magnitude in oeaband:
1/1 octave
1/2 octave
1/3 octave
Scale level scales the magnitude level
LF box diffraction - scales frequency response with transfer function of LF loudspéaikediffraction
Cut below cursor - cuts plottedcurvebelow the cursor position
Cut above cursor- cuts plotted curvabove the cursor position

MenucommandsCut bellow cursor', 'Cut above cursor'and Scale levelare normally usetb
ficombined two graphs; one for the high frequency

MenucommandScale level'- opens dialog box (shown in Fig23) in which user enters arbitrary
level (in dB) to scale the magnitude response.
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