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1 Introduction

The ARTA is a program for impulse response measurementjmesaspectrum analysis aneat
time measurement of the frequency response. It is a tool for acoustical measurementsiama "poi
point" testing of the audio quality in communication systems.

The ARTA has functions of following measurement systems:

1.

2.

3.

4.

5.
6.

Impulse response measurement system with signal generators: periodic white noise, periodic
pink noise, MLS, linear and logarithonsweptsine.

Dual channel Fourier analyzer with signal generators: white noise, pink noise, periodic white
noise and periodic pink noise.

Single channel Fourier analyzer with signal generators: periodic white noise and periodic pink
noise.

Spectrum, octae band and THD analyzer with signal generators: sine, two sine, multitone,
white noise, pink noise, periodic white noise and periodic pink noise.

Triggered storage scope with gated spectrum analysishanetime Fourier transform
Two-channel voltage el meter and third octave analyzer

Note: Mode 2 and 3 cabealso used for the estimation of the impulse response.

With calibrated microphone, ARTA can be used as virtual IEC class 1 SPL meter with real time

modes:

1.
2.
3

Integrating SPL meter with 24 haudata logging

Octave SPL meter with noise rating (NRC, PNC, RC, NCB)

Third octave SPL meter witleport ofspecific loudness, loudness in sone and loudness level
in phone

The ARTA is also a powerful analyzer of:

©CONOUTAWNE

Gated frequency response,

Smoothed fregeng response (in 1foctave bands)
Step response,

Impulse response envelope (ETCurve),

. Cumulative spectirm andburstdecaywaterfallcurves and sonograms
. Energy decay in reverberant environments,

. Room acoustical parameters

. Speech intelligibilitymeasures: MTF, STI, RASTI, %AL

. Loudspeaker directivity pattern
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1.1 Requirements

Requirements to use ARTgoftwareare:

Operating systems: Window®000 / XP / Vista / T 32 bit

Processor class Pentium, cldogquency600 MHz or higher, memor856MB for Windows
2000/XP or 2MB for Vista/Windows 7

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

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

il
f

The installation of this softwa is simple: Take the ARTA setup program or just copy the files
"ARTA.exe" and "ARTA.chm" to some folder and make a shortcut to "ARTA.exe". All registry data
will be saved automatically at the first program execution.

Files with extension.PIR" are regstered to be opened with ARTA hey contain the data of the
periodic impulse response (PI&) signal time recordResults of other types of measurements
(frequency response and spectrum) magaxed in ASCII formatted file, or @ overlay file.

ARTA canexport and import file ivariousformats (.wav, .tim and .txt).

The ARTA does not dump graphs to the printer, instead of this all graphs could be copied to the
Clipboard and pasted to other Windows applications.

1.1.1 Soundcards
The ARTA has ben used successfully wistfollowing soundcards:

RME Fireface 800, RME Firefae®0, RME DIGI96, RME HDSP
Duran Audio DAudio, EMU 1616m, EMU 0404 USB, EMUracker
Echo Gina24Echo AudioFire 4Echo Layla 24, Echo Indigo
M-audio Audiophile 2496, Firewé Solo, USB Transit, Delta 44,
Terratec EWX 24/96, Firewire FW X24

YAMAHA G046, Sound Devices USBPre2

Digigram VxPocket 446 a notebook PCMCIA card

TASCAM US-122- USB audio

ESIQuatafire 610Juli, U24 USB and Waveterminal,
Soundblaster >&i, Infrasonic Quartet

Soundblaster Live 24, Audigy ZS, ExtigySB (but only at 48kHz sampling frequency),
Turtle Beach Pinnacle and Fuiji cards,

=4 =4 -8 _-a_8_9_48_-9_4_-29._-2._-12

The ARTA may be used with slightly degraded performance with following soundcards:

1 Soundblaster MP3+ USB (noticgon't install SB driver, use a Windows XP default driver),
1 Soundcards and dmoard audio with AC97 codecs.

Souncaardsareclassified irtio three group:
9 standardsound systems that are incorporated in the computer motherboard
1 addon sound cards for P@F ISA bus,
9 sound systems that connects to the computer USB or Firewire interface
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Depending othetarget user group, soundcards differs in type of input/output connectors and
necessary cablin@asic characteristics of connectors and cabling arengivé&able 1.1.

= =4

connections (Fig. 1.2).
9 Professional sowdtards us@ SR6.3 mm connectorgor balarcedconnection, TS 6.3 mm
connectorgor unbalanced¢onnectionand XLR (Cannon) connectors for balanced

microphoneconnectios (Fig 1.3)

Standard PC soundcardses stereoablesandmini-TSR connectors (Fig. 1.1).
Semiprofessional higlguality soundcards use RCA chinobnnectors andnbalanced

XLR- female XLR T male TSR 6,3mm and TS 6,3mm and RCA chinch
mini TSR 3,5mm mini TSR 3,5mm
R —— ~

I r | <10 |{ | o =t
pinli ground pinl- ground T (tip) - plus T (tip) 1 plus pin - plus

pin 2- plus pin 2- plus R (ring) - minus S (sleeve} ground | guard- ground
pin 3 minus pin 3- minus S (sleeve} ground

balanced balanced balanced cables or| unbalanced cable| unbalanced

microphone cables

microphone cables

unbalanced stereo
cables

(coaxial cable)

cables
(coaxial cable)

3

Table 1.1Connectors and cables udadhudio systems

Line-Outi Front speaker (green)
Mic In - Mono microphone (pink)
Outi Central speaker and Sias

1. Line-In (light blue)
2.
3.
4.
(orange)
5. OutBack speaker (black)
6.

Outi Side speaker (grey)

)

Figure 1.1 Audio connectas on the P@notherboardgxample fos+1 surround sounslysten).

Standard PC stereo systems have three connectors (1, 2, and 3 on the mothé&board)ds+1
sound ystems have additional three connectors (4n8,6on motherboard One of outputss
designed to driva headphone with nominal 82 impedanceFor soundcard testing we will use
loopback connection of Linln (blue) and LineDut (green) using stereo cable terminated with -mini
jack TSR connector$nput impedance of Linén input on mosPC soundcaiis 10-20KW.
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On laptops andotebooksusually there are only headphone output and microphone ifimge
systems araot appropriate fousewith ARTA, as theycannotenable measuremeritsdualchannel
mode because microphone input is axamchannel.

i .

ECECE &

RCA RCA 9-pin connector
inputs outputs to breakout box

Figure 1.2 PCI card with RCA chinch connectors (i.e. Terratec EWX24/96 -¢wudio Audiophile
24/96). There are separate connectors for left channel (in white color) and for right channel (in red
color).

@w (TERRATECED PRODUCER) PHASE X244y ™

’ ’ . v EI’:LQ 24 Bit / 192 kHz Extended Audio System

{ o “...IUlOCE-
INSERT

MAIN MONITOR IN  DIGITAL OUT " FIREWIRE " N Mol our 12VAC

[TERRATECED PRODUCER) PHRASE X243 ™ ]

—-(____r::_ @ ' ‘ ‘ GAIN 1 asv GAIN 2 asv MASTER HEADPHONE

e = i bt Oman !
- @® o @® Overn
-:."l iE E m CHANNEL 1 CHANNEL 2 oW O g, ¢ ™

Figure 1.3 Profesional sound system witkirewireinterface,TRSandXLR connectors

Fig. 1.3showsanexample othehigh qualityFirewire profesional sound system. Otfefront panel,
there are two XLR micrphone inputsin the center of the XLRonnectora TS connector is inserted.
It serves as music instrument inpiput impedancef instrument inputs from 470/kVto 1MW,

Both inputshavevolume contral Microphonenputs canbe switcted to phantonpower, whichgives
powersupplyof 48V to pins 2 and 3 oKLR microphone connectoNext, there is a master volume
controlfor adjusting output level and input monitor level. Finglhere isaheadphone volume control
andaheadphone steo TSR connector. Othebackpanelthere are two balanced ingutwo

balanced outpst SPDIF optical connectors and two Firewire connectors.
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1.2 Measurement Setup

In this documentwe refer tofollowing measurement sgps:

Dual channel measurementiget

Single channel measurement setup
Semi dual channel measurement setup
Loopback forsoundcardesting

PO

A general measurement setup for system testing is simokig. 1.4. The soundcardeft line-output
channels used as signal generator outputheleft line-inputis usedor recordinga D.U.T. output
voltage andheright line-inputis usedor recordinga D.U.T. input voltageln asingle dannelsetup,
onlyaD.U.T. output voltage isecorded In a semi dual channel settigright line-inputis used to
measuresheright line-output voltageln aloopbacksetup theleft line-outputis connectedo the left
line-input andtheright line-outputis connectedo theright line-input.

Laft cut
1

device device
irput DUT output

soundcard

Mot connescied
im sinpgle chanrnal
e

Figure 14 General measurement
setupfor system response testing
(D.U.T = device under test)

Left input

Setups fomcoustical measuremeraze shown in figures 4, 16, 1.7 and 18.

W parver amplifier

microphone
Left out %ﬂ

loudspeaker
soundcard voltage probe o

i Figure 1.5 Dual channel

measurement setup for
acoustical measurement

Right input

preamplifier

To protect tle soundcard input from high voltage that is generated by the power amplifier, it is
recommended to use a voltage probe circuit, as shown in Biy/dlues of resistors R1 and Rave
to be chosen for arbitrary attenuation (i.e. R1=8200 and R2=910 owesspyobe with20.7dB

(0.0923) attenuation if the soundcard has usual input impeddQge ).



- W ’
R1
power
spun!jcard § R2 zaner amplifiar
line imput 41y autput
T 1
povar amplifier

soundcard

I: ,I microghana

loudspeaker

power amplifier

preamplifier

[ ] microghone

loudspeaker

soundcard

[ E—

Right input

preamplifier
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Figure 1.6 Voltage probe with
soundcard input channel
overload protection

Figure 1.7 Single channel
measurement setup for acousti
measuremest

Figure 1.8 Semidual channel
measurement setup for
acoustical measurement

Figure 1.9 Loopback setup for
soundcard testing
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The ARTA is also tageted for "poirtto-point" testing of audio quality in communication systems.
Figure 110shows setup for testing such systems. Interface to mobile phones can be realized by using
a headset I/O. Interface to the standard phone line (POTS) is showniriLEig.

The ARTA can measure frequency and impulse response, distortions of sisindvemd multitone
signals, estimate delays, echoes and speech transmission index. A special measurement technique,
with an interrupted noise excitation, is applieditoumvent timevariant behavior of these systems
(automatic gain control, noise reduction, voice activation).

Fhone
intesface

f 1A

. - 1
- ISDMIP
Right out \“x atlenuatos :

| \ VISmV ‘
ﬁ.l.-l.' S,
g headset in i

soundcand ‘//

Left out

k4

Right input headset uu:n
Leftinput = ISDN{IP) Y
| IR —
\ I i e |
Phone
Interface

Figure 1.10 Measurement setup for testing communication systems

autpul
— .
phone 1:/ 600 £2 m
‘ ) Wy s
10w/ 250 2200 0
10n 560
20H/ 21002 = 20 ;in\jr
soundoard
S 7]

L -

Figure 1.11 Interface fromthesourdcard 1/O tothe standard pbne line (POTS)

1C
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1.3 A First Touch

When you start the ARTA you will see theogram window ashownin Figure 112. Thiswindowis
calledimpulse response windaivmp window) It will be primaryused to shovtheimpulse response,
also it will be usedo show the time record chpturedsignals.

[&% Untitled - Arta - 0] x|
File ©Owverlay Edit View Record Analysis Setup Tools Mode Help
Oy | r || Tt e | > | =0 | E Ezra EEFT | EETEP IIET: En:u @:5 E ED | Eﬂl EE?’E\II
FFT [k =] RWnd [uniform v SigWnd [Hanning | PreDelay (ms) [0.000  Get| Zero| Inv | Max|
Marker
Impulse response (nVA) Zoom 1:1
A Setl Dell
1.50 $
1.13 A |
0.75 ha L
038 Gain
0.00 it Bl
- )
038 | Min
-0.75 Zoom
-1.13 -~ Maxl
-1.50 *| Min
Scraoll
0.00 1.96 3504 5.592 7.50 ms
Curgor: 0.000 nV, 0.000ms (0} ;I—bl
Ready |L:-100.0d8  |R:-100.0d8 | Impulse Response i

Figure 112 Impulse response window

By using the menilode, you can switch to three frequency domain windows for thetiraal
analysis:

1 Dual channel frequency response measurement window
1 Single channdrequency response measurement window
1 Spectrum analyzer window

The measurement mod®aybe chosemlsoby clicking following toolbar icons:

EI- Dual channel frequency response measurement window
E - Single channel frequency response measurewiadow
Se.| - Spectrum analyzer window

E— Impulse responseSignal recordingvindow

Now click these menus or toolbar icons to see how the measurement windows are working.

11



ARTA User Manual

[ :
| Untitled - Arta - O] x|
File Owverlay Edit View Recorder Generator Seh..lp|TooIs Mode Help
Co|»” |Iup|Frz Fri Sea [ @ [ & |7 | N[ = m | = 2
Gen [Pnpink  v] FstHa) [4s000 x| FFT [32768 | Delay(ms)|0.000 avg [None =] R.Esetl
Top
FR Magnitude dB ViV Left/Right Awg:0 ﬂ
-100.0
A -
-110.0 R
T
1200 A _Fit |
-130.0 Range
-140.0 -
-150.0 Coh{ Ph () -
-150.0 1.004 180.0
Setl
-170.0 0.75- 0.0
-180.0 0.504 0.0 FrHigh
-1590.0 0.25--90.0 4| l-I
-200.0 180.0 FrLow
20 30 104 200 00 1k 2k Ik 10k 20k jj
Curzor: 22.0Hz, -200.00 dB, 0.0 deg (Coh:1.000} Frequency(Hz)
Ready |L:-100.0d8  |R:-100.0d8 | Frequency response 2Ch ‘,ﬁ

Figure 1.13 Dualchannel frequency response windolag, (the single chanmérequency response
window - Fr; looks the same)

[& untitled - Arta -0 x|
File Owverlay Edit View Recorder Generator Setup Tools Mode Help
Co | » |Imp Frze Fri(Sea | 0 @ | B (Ve | N || =o m = 2
Gen [sine =] Fstiz) [4s000 | FFT [s1s2 x| wind [Fatrop ¥ Avg [none ¥] Reset|
Top
Spectrum maagnitude dBFS Left Awvg:0 "
0 N —
R
-20.0 T
T
-40.0
Range
-50.0 a
-
-80.0
4000 szt
1200 FrHigh
1| FI
-140.0
20 50 100 200 500 1k Zk Sk 10k 20k FrLow
Curgor: 23.4 Hz, -Z220.67 dB Frequency(Hz) jj
RMS = -193.0 dBFS(A) THD =100.00% THD=N =39.99%(4)
Ready |L:-100.0d8  |R:-100.0d8 | Spectrum Analyzer >

Figure 1.14 Spectrum analyzer window
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The Impulse response window is most important for a system response analysikdtdesicribeih
more detail aftewe show how to analyze the spectrum ardsystem frequency response.

1.4 Hardware Setup

Before you start measuring you have to setup your hardware and audio devices by cliakieguthe

Setup->AudioDevicesor by clicking the toolbar icor=%. You will get the dialog box for the audio
devices setup shown in the Fig. 1.15

Audio Devices Setup x|

— Soundcard

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

Input channels IMin:ru:uphu:unE (SoundMAX Integrated j

Wawe Format

Output 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 I Left Ch "I Sensitivity (mVPa) 5

Save setup | Load setup | Cancel | QK I

Figure 1.15 Dialog box for audio devices setup

The'Audio Device Setup'dialog box hasollowing controls:

In sectionSound Card:

Sourdcard driver - chooses thé&ype of soundcardiriver (WDM i windows multimedia driveor one of
installedASIO drivers.

Input channels- chooseshe soundcaréhput stereo channeldSIO driver can haviarge number of
channels.

Output Device - chooseshe soundcard outpstereo channels

Generally,userchoossinput and outputhannelsf the samesoundcardmandatory in ASIO driver
modse.

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

Wave format i on Windows 2000/XRhoosedVindows wave formatl6 bit, 24 bit 32 bitor Float Float
means |IEEE floating point singlegzision 32bit format.It is recommended to uge-bit or 32bit modes
when usinga high quality soundcar@nany soundcasire declared as 24t, but their real bitesolution
is less than 14bits). On Windows Vista / Window3 it is recommended to chseresolutiontype Float.
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This controlhas no effect ithe ASIO mode, whera bit resolution has be setup ithe ASIO control
panel

In sectionl/O amplifier interface:

Lineln sensitivity - entesthe sensitivity of the line input (i.e. peak voléaign mV thatcorrespondso the

full excitation of the line input)

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

Ext. preamp gain- If you conneta preamplifier or voltage probe to the line inputs you should enter the
gain of the preamplifier or probe attenuation in the edit box, otherwise set it to unity gain.

LR channel diff. - entesthe difference between the level of the left and the rightii channels in dB.
Power amplifier gain - If you connect the power amplifier to the liatput, and if youneed calibrated
results in single channel setup, you have to enter the power amplifier vgitage

The best way to enter these valueoifotlow the calibration procedure as described in the next chapter.

In sectionMicrophone:
Sensitivity - entes the sensitivity of the microphone in mV/Pa.
Microphone used- check boxf you use the microphone and want the plot to be scaled in dg RaZor

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.

1.4.1 Windows 2000 / XP WDM driver setup

After selection of the soundcard user has to disable (muteiplizned microphone inputs in output
mixer. In addition,user has to select which input will be used for recording: Line In or Microphone
(Mic). Forastandard PGoundcardshe procedure is as follows

1) In ARTA Audio device setup dialodick the buttond@ontrol paneldto openthe
Wi n d dMaster \bolumeddialog box which isshown @ Fig. 1.17.

2) Cl i ck oOptiomseRPrapertyd and sel ect |tsaowillbedusedr d ¢ h an
for output (playback)as shown in Fig. 1.17

3) Mute Line In and Mic channelad i a | o g Vdumedé-ig.el.16)

4) Set Master VolumandWaveOut volume to maximum.

5 Cl i ¢k oOptiomeProperty® and sel ect soundcard chan
for input and enable Line In and Mic channels in recording mixer.

6) Choose Line In or Mic Input. Normally, ARTA uses Line In input on which external
microphone amplifier should be connected.

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

14



Mocer device: IHeaHek HD Audio output

— Adjust volume for
¥ Playback

£ Fecoding

£ Other I

Show the following volume controls:

Master Volume
Wave

SW Synth

CD Player

Mic Valume
[ FC Beep

K I—

o< |

i

Cancel |

ARTA User Manual

Figure 1.16 Dialog for choosing soundcard and input/output channels

i Master Yolume o [m] [
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 b -
™ hute all ™ Mute [ Mute ¥ ute ¥ HMute
Advanced | Advanced |

|Inte|{r]l Integrated Audio

Figure 1.17 Typical setup of a soundcard output mikeWWindows 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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1.4.2 Vista/Windows 7 WDM driver setup

Microsoft has changettheir approachin control of sound devices in Vista / Win7. Now operating

system (alspsametimesin conjunction with control programs of professional soundgasd

responsible for setting soundcard native sampling rate and bit resolution. Operating system changes
native resolutiorto floating point formafor high quality mixingand eventudy for thesample rate
conversion.

For ARTAthis means that it is strongly recommended toraselutiond-loatdand set the sampling

rate tothe native format. Access to these valuemid/Nindows sound control panefy whichuser

getsby clicking on butbn &Control Panel6in éAudio Device Setu@ddialog

Fig. 1.18 shows VistaWin 7 control panel, thdtas fourproperty pages.
As first step,user has to adjugtiayback pageand later repeat the same proceduréRecording
page Adjustment steps are:

1) Click on channel info tehoosehe playback channelt is notrecommendedo use the
measuremerthannel as a default audio channel

2) Click o n [Propertiesbto opers channelSound propertieddialog.

3) Clickonthet alevel® t o o0 p e n xer (asin Fgultl§)Thénmube Lineln and
Mic channels, if exist.

4) Click onthetabddvanced to setthe channel resolution armlsample rate (as in Fig. 1.17)

5) Repeat previous procedutgto 4)for recoding channel, and choose the same $agwate &
in the playback channel.

x
Playback |F‘.er.:ording I Sounds I Communications I

Select a playback device below to modify its settings:

Speakers
G048 Audio Device
| Ready

Digital Output
w G046 Audio Device
Ready
ﬁ Speakers
@ | SoundMAX Integrated Digital HD Audio
@ Default Device

SPOIF Interface
w SoundMAX Integrated Digital HD Audio
Ready

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

Figure 1.18 Vista Sound Control panel
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% Speakers Properties

%| Speakers Properties

Restore eraults

Figure 1.20 Settingthe native bit resolution and sampling rateVista
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Note: Many driversdo not work stable und&vindows 7. In thatase please use ASIO driveriifis
availablefor your soundcard

1.4.3 ASIO driver setup

ASIO drivers are decoupled from the operating system control. They have their own control panel to

adjust native resolutioand memonpuffer sze The buffer isusedfor thetransferof sampleddata

from thedriver totheuser program. BeroperstheAS|T O contr ol pané€@dntroby <cl i ck
Panebin the ARTA QAudio Device Setud d i gl 1@Igshowsanexample 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 1.21 E-MU TrackerPre ASIO Control panel for setting bitesolution and buffer size

In musicapplications usausuallysets buffe sizeas smalbs it is possible fostable work. That gives
thelowest input/output latendigystemintroduceddday).

In ARTA, thelatency is not problem, as it is encountered in software, but it is not recommended to use
buffer with sizelarger thar2048 samplesor smaller than 256 sampl&ome ASIO control panels
expresgshebuffer size in samples, while othexpresghe buffer size in time [ms]. In that case we can
calculatethesize in samples usirfgllowing expression

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

Some ASIO drivers allow setup of buffeize {(n samplekthat isa power of number 2 (256,12,
1024,..). In thatase ARTA adjust buffer size automatically.

ARTA always work with two input channels, and two output channelsjriggiiemas stereo left and

right channelsAs ASIO support multichannel deviceser has to choosead i a | oAudid o x 6
Device Setup 6 wh i cchannela wilbe usefl in ARTA (1/2, 8/ .).
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1.5 Calibration

The menu comman8etup->Calibrate devicesopens the dialog bd$oundcard and Microphone
Calibration' shown in Figl1.14.

x

— Soundcard full scale output (mV) — 1~ Soundcard full scale input (mvy) —— [ Microphone sensitivity (mV/Pa)
1. Connect electronic voltmeter 1. Connect sine generator with 1. Connect microphone an
or scope on left output channel known output voltage on
(setrange to 2V) Channel m Channel Left -
2. Generate sinus (400Hz) | 2, Enter valtage {peak or rms) Preamp gain I 10
Output level |-3dB - I 500 Imﬁ.-' rms j

2. Attach sound calibrator
3. Enter voltmeter (scope) value

3.  Estimate Max Input mV | Pressure 94 dB
I 1000 Imﬁ.-' rms j
: Estimated ~ Current 3. Estimate Mic. Sensitivity |
4, Estimate Max Output mV | Left I 1412 I 142 mv
Estimated Current Rjghtl 1412 I 1412 mV Estimated  Current
[ 200 | 1%12 @y || Diff | o | o dB | 869396 |8.693%6 myjpa
Accept | Accepk | Acceph |
L | 70 | -0 | -30 | -
= [ = I -« [ ] [ ) Cancel | Ok, |

Figure 1.14Dialog box for the 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.

1.5.1 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 buttoBenerate sine 400Hz)

Enter the voltmeter readout in edit b@x mV rms)

Press the butih Estimate Max Output mV'

The estimated value will be shown in the Bstimated.

If you are satisfied with the measurement, press the béttoept, and the estimated value
will become the current value of theneOut Sensitivity'. Also, it will be entered aavalue
for theinput channel calibration.

ourwWNE
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1.5.2 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 of thedsauth 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 400Hz) and monitor the input level at bottom peakters. If
the soundcard inpus iclipping, lower the level of input volume {8dB.

4. Enter the value of signal gerator voltage in the edit box, but only if it differs from value
used during output channel calibration (1.5.1).

5. Press the buttoistimate Max Input mV'.

6. If you are satified 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 connect dearsbimlioopback
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.

1.5.3 Calibration of the Microphone
To calibrate the microphone you must have a saafiirator. 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 buttoieStimate mic sensitivity.

If you are satisfied with a measuremepress the button 'Accept'.

ardOE

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 ghalio Devices Setupdialog box.

1.5.4 Frequency Response Compensation

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

Themenu commandetup>FR compensationor click on icon®® gets the dialog box "Frequency
Response for Compensation”, shown in Fig. 1Tt dialog has a few controls and a graph that
shows the frequency response which will be used for FR compensation.

The buttonLoad opens the dialog for loading ASCII files that contain frequency response data. The
file name must have extension .MIC afata entered in lines of text. Lines that start with a digit 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 thefvahase or

any other text that will be treated as comment. All other lines are treated as comment. After
successfully reading of the compensation fie, path of the file will be shown in the box below the
graph.

For example file "MB550-B.mic" (shownin Fig. 1.15) has content:

microphone mb550
freq(Hz) Magn(dB)
48.280 0.34
48.936 0.28
49.601 0.21
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Ei:' Freguency response compensation 5[

Range(dE)

Magnitude dB

. TTTTT T
IR

10 -

T Copy |

T T

_————l__d_
] 1
1 1

T
'

[y
]
1

.
'
1

- -
'
'

(NS ' '
d=rrrrE====r==n=

3.0 Rt e R R e ) e R R L R Show
0 ek ngerpolated
gl M N M HE M
10 100 1000 10000 values [
Curzor. 483 Hz 0.3dB Frequency (Hz)

| C:\sro\audio 1VArta 103YMB550-B. mic

Load | IUse frequency response compensation

Figure 1.15Typical frequency response af alectremicrophone.

o The check boxShow spline interpolated daf" enables us to see the interpolated FR curve
that will be used in FR compensation.

o The buttonCopy' copies current graph picture on Windows clipboard.

The combo list boXRange (dB) sets graph magnitude dynamic range100dB).

0 The buttonUse frequery response compenstiorenables/disablesdquency response
compensation.

o

1.6 Getting Pictures of Graphs and Windows

Normally, we work with graph windows and dialog boxég¢e also need to get the copy of the graph
picture d the graph window picture.

Obtainingcopyof thefull window pictureis simple. User needs to simultaneously press &enfsP .
After that command the window picture will be saviethe SystemClipboard,from were theusercan
paste it in other openalfindows applicatioa(MS Word MS Paint and AdobBaint Shojp

To dbtain the copy of the graph picture, that is shown ingidevindow, user needs to simultaneously
press key£tri+C or activatehemenu commandedit->Copy', or press appropriat€opy’ button.

In main window todbar, theCopy button is shown as toolbar ic B,

This command operthedialog box Copy to Clipboard with Extended Information’, shown in
Figure 1.16Here user has to setup three copying options:

1) IntheEdit box user optionally enters the text theitl be appended at the bottom of
the graph.

2) Check box Add filename and date enables adding text thegraph that shows file
name, date and time.

3) Check box Save textenables saving entered text floe next copy operation.
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4) Bitmap sizeis choserby 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 optiors with fixed width give grapbwith the aspect ratio 3:2.

Thebutton 'OK' copies the graph to the system clipboard.
The button 'Cancel' caals the copy operation.

Copy to Clipboard with Extended Information El

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

I My comment: Frequency compensation is reciprocal to the frequency response

Add filename and date v Save text [

Choose bitmap size ICurrent screen size j Cancel |

Figure 1.16Dialog box Copy to Clipboard with Extended Information’

Magnitude dB 2008-08-18 12:07:31
B.0f 1-t44 o
60}t --h
0t ooo
20faa-ma---- -
0.0} 4t
2004t
40t oo
S0fama----- e
DY) SRR
T | A HE

10
Curzor: 483 Hz 0.3dB Freguency (Hz}

File: C:ASrchaudio'Arta105\WMB550-B.mic
My comment. Frequency compengation iz reciprocal to frequency responze

Figure 1.17Copy of the grapfrom Figure 1.5. The extended information shoWile name,date,
time and user defined text
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2 Spectrum analyzer

The spetrum analyzer of ARTA is implemented as a #le FFT based spectrum analyzer. A built
in generator provides the following signals: sine, two sgeare, trianglenultitone, white noise,
pink noise, periodic white noise (PN white), periodic pink agRN pink) and periodic speech noise
(PN speech).

Working with the spectrum analyzer will be explained through the soundcard testing procedure.

2.1 Souncard testing

The easiest way to test the quality of the soundcard is iBgbetrum analyzermode

1. Make thdoopback connectionfor the soundcard testing.
2. Click the menMode -> Spectrum Analyzeror click the toolbar icorSs4|

3. Click the menuGenerator->Setupor click the toolbar icol™= . You will get the dialog box
shown in Fig. 2.1.

Generator Setup for Continuous Signals ﬂ

~Multitone and noise generator —

—Sine [ sguare generator

Frequency (Hz) I 30 PM Pink cut off I 20
Level (dB FS) I -3 _Ij Level (dB F5) 0 _:I

RMS Voltage:0.501378 V

I 16-hit = I Multitone I'v."'.n'iu:lel:uanu:l - I

— Two sine generator

Freql Freq2 Magn
* Defl 13 kHz (14kHz [1:1
i~ Defz IEEUHZ @2’ ET=h|
(" User | 19000 | 20000 [1 :1

Default | Cancel | QK I

Figure 2.1 The dialog box for the signal generator setup

This dialog box has following controls:

Sine/ squaregeneraor section:
Frequency- entesthe frequency of sine signal in Hz
Peak Level- choosedhe outpuipeaklevel re full scalgpeaklevel (0dB to-90dB).
RMS voltage- shows voltage valuef line output channel (for calibrated system)
Dither Level - choosesNone, 16bit, 18bit or 20bit
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Two sine generatorsection allows the choice of three possible combinations of frequencies and magnitude
ratios:

Defl- sesfl=11kHz, f2=12kHz, amplitude ratio 1:1

Def2- sesfl=100Hz, f2=8kHz, amplitudeatio 1:4

User - entes two sine frequencies and the amplitude ratio

Note: the two sine signal has the peak level defined in the Sine generator is@&sadnlLevel control

Mult itone and noisegenerator section:
Output volume - chooseghe output level re full scale level in range 0dB30dB.
PN Pink cut off - entesthe low frequency cubff in Hz, for the periodic pink noise.
Multitone - choosedhe type of multitone signal (Wideband, Speech range, ITU_T O.81decade,
High decade Sine+Squaie

Note 1: PN (periodic noise) is a periodic, ndige signal with a controlled spectrum level and a random phase.
The periodic noise and multitone belonging to the class of multisine signals (to be exgtened |

Note 2: Jitter test signal is a sine signal with a frequency equal to 1/4 of the sampling rate, and with a LSB bit
toggled with a frequency equal to 1/192 of the sampling rate.

Note 3: Multitone test signals contain mixsihe signals with diffeent amplitudes and phases. Their use will be
explained later.

Now choosegarameters of sine generator
Frequency. 1000Hz
Peak level -3dB
Dither level 16 bit.

4. Using the dialog bar choose:

Gen [Sine | FsiHz) [4g000 =] FFT [16384 =] wnd [Kaiser  v] Ava [Mone v] | Resst]

Gen: Sine

Fs (Hz). 48000Hz (sampling frequency or sampling rate)

FFT: 16384 (number of samples in FFT analysis frame)

Wnd: Kaiser5 (signal window to suppress leade in FFT analysis)
Avg: None (averaging of the signal)

The same parameters can be set up in a dialolpextrum Analysis Setup'shown in Fig. 2.2.
(you get it by clicking the men8etup->Measuremen) . By using this dialog box you sef)({he
preferred input channel, (2) averaging parameters and (3) the FFT resolution.

spectrum Analysis Setup x|

— |nput channel —FFT rezaolution
ILeft "I FFT zize |1I3384 vI
Wafirdio I K.aizerh - I
— &veraging
Sampling rate |4BI:IEIEI 'I
Type INn:nne 'I

M ax averages |'| an

.

Default | Cancel | (] 4

Figure 2.2 The spectrum analysis setup
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This dialog box has following controls:

Input channel section:
Combo box boose left orright channel as active soundcémgut channel

Averaging sectionsets
Type: None, Linear, Exponential or Peak Hold.
Max. averages: the maximum number of averages.

FFT resolution sectionsets
FFT size number of samples in FFT block (4096, 8192, 16384, 32768, 65536 and 131072)
Window: Uniform, Hanning, Blackman3, Blackman4, KaisgKaiser7or Flat Top window.
Sampling rate: 8000, 11025, 16000, 22050, 32000, 44100, 48000, 88200 or 96000 Hz.

5. Chooselnput channel Left.

6. Prepare the Windows sound mixer:
1 Enable the linénput channel
1 Mute the lineinput channel in the output mixer.
1 Set the lineout volume for maximum output sensitivity.
1 Set the linenput volume near minimal input sensitivity.

7. By menu comman8etup->Spectrum Scaling \'“E ), or by clicking right mouse button in graph
title area you get the dialog boXspectrum scaling' (shown in Fig. 2.3). Use this dialog box to set (1)
the magnitude scaling, (2) the power weighting and (3) distortion measures.

x|
— Scaling — Pawer
& dBFs ¢ dBv(sPL)  PSD
&P Wigighting INu:une "I
Waltage units dBf -
Pressure units Iu:IE! re 20 uPa vI Show AMS Level
— Diztartion
Default
v THD Mormalize with full paver [~ _I
W THD+M Low cutoff [Hz) 20 = Update |
[~ IMD 2nd and 3rd order IMD [~ Cancel |
[~ Multitone TD+M Frequency weighting [ ITI

Figure 2.3The spectrum scaling

Scaling section:
Magnitude scaling: dBFS (dB re full scale),
dBV or SPL (sound pressure level),

PSD(power spectral density mode in dB Wz).

Voltage units dBV or dBu
Pressure units dB re 20uPa or
dB re 1Pa (valid only if microphone is connected and enabled).
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Power section:
Power Weighting combo box choosesNone, A, B or C filter for weighted signal power estimation.
Show RMS level- check to show the power level at the bottoithe graph

Distortion section:
THD - check to showotal harmonic distortion§THD) in sine response testing
THD+N - check to shoviotal harmonic distortions + noise in sine response testing
IMD - check to showintermodulation distortion(IMD) in two sineresponse testing
or transient intermodulation distortion (DIM) in square+sine multitone testing
Multitone TD+N - check toshowtotal distortion + nois€ TD+N) in multitone resporestesting

Normalize with full power i checkto get THD normalized with signal power including higher harmonics
Low cut-off (Hz) combobox - sets low frequency cudff in THD+N measurements.

2" and 3% order IMD i check to show? and 3 order IMD defned in SMPTE, DIN, CCIF and IEC
standards.

Frequencyweighting i check to use frequency weighting (A,B,C) in THD+N argH+N measurements

8. Checkollowing checkboxes:THD, THD+M and Show RMS level .

9. Start recording by clicking the toolbar ic > (or via menuRecorder->Run). You should get a
response like the one shown in Fig. 2.4. This figure can be obtained byppaste operation (menu
Edit->Copy).

Slowly increase the volume of the line input channel (using the soundcard mixer) until you get
the peak level close te3dB FS.

Spectrum magnitude dBFS Left Awgil
0.0
-20.0
-40.0
-60.0
-20.0
-100.0
-120.0 .
] N e
-140.0 250
Cursar: 999.0 Hz, -2.95 dB FregquencyiHz)
RMS = 2.7 dBFS THD =0.0011% THD+M =0.0050%

Figure 2.4 Spectrum of 1 kHz sine generator of the soundcard Terratec EWX 24/96 in loopback setup.
Signal window:Kaiser§ FFT size: 16384Fs: 48000Hz.

The bottom of Fig. 2.4 shows the spectrum valuthe cursor position (frequency and magnitude),
RMS level and distortions. The cursor is drawn as a thin line that can be moved by pressing left mouse
button or by pressing keyboard's left and right keys.

If you get THD+N lower than 0.1% you have a usale soundcard.
If you get THD+N lower than 0.01% you have a good soundcard.

Note: During the measurement you can use the control bar to change the averaging type, reset
averaging, change the sampling frequency, change the type of an excitation sigmaF&dsize.

You can change any plot parameters (dynamic range, frequency range and axis) from dialog box
'Spectrum graph setup'(you get it by clicking the menBetup-> Graph setupor by clicking right
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mouse button in the plot area). The easiest wagjtesagraph margins is by using Right Control bar.
Functions of bar buttons are explained in Figure 2.5.

Changes graph top magnitude margin

Fit plotted curve to graph top magnitude margin

Changes graph magnitude range

Opens dialog box for the setup of graph margins

Changes graph high-frequency margin

PRI e e

ol
=

Changes graph low-frequency margin

Figure 2.5Control bar for graph margins setup (also usedrfequency RBsponse windows)

Note: Useful shortcuts to change the top graph magnitude margin are "Up" and "Down" keys and the
mouse scroll wheel (they move the plot up and down).

2.2 The Spectrum Estimation Procedure

The spectrum shown in Fig. 2.4 is obtained by following procedure:
1. Aninput signal is sampled with frequenigyand transformed intdiscretesequence, of
lengthN=FFT size(the number of samples in the acquisition window isa¢tp theFFT size,
and can be set to: 4096, 8192, 16384, 32768, 65536 or 131072).
2. Thediscreteinput sequence is multiplied with a window sequengéwill be explained later)

3. The Discrete Fourier transform

N-1
— A - j2pkn/ N
X =a W,X.€
n=0

is calculatedusing the FFT algorithm. It gives spectral components as complex values at
discrete frequencies

fy=k Df,
whereDf is a DFT spectral resolution

Df =fs/ N.
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For real signals, there a2 single sided power spectral componédpts

G, 5| X,/NF - dccomponent
G =2|X, /NF, k=12.N/2-1

4. The magnitude spectrum is shown in one of following scaling modes:

Scaling mode Level Units

Peak level 10 log(Z5y) dBFS

(ref. full scale)

RMS level 10 log(Gy 3 (input_sensitivity / preamp_gaifn) dBv

(Power spectrum) (or dBu)

Powe spectral density| 10 log(G, 3 (input_sensitivity/ preamp_gain) Df) dBV/CHz
(or dBuHz)

Note 1 If a signalwindoww, is applied, then spectrum values diédedby a scale factor
that is equal t@averagew, value- in aRMS level modgeor a rmsw, value- in apower
spectral density mode

Note 2: If the check boxJse Microphoneis enabled in dialog bdXudio device setup,

then RMS or PSD levels are raised by 2QJo8 10°Pa)3 microphone_sensitivity(mV/Pa) ).

5. The spectrum plot shows level§spectral magnitudes as ligeaph.

Note: A DFT spectrum is defined at discrete set of frequencies, so it would be more appropriate to
show the spectrum as discrete-geaph, but when we deal with large number of spectral
components, as is case in AR, a linegraph gives better visual insight of spectral magnitudes.

The bottom of Fig. 2.4 shows:
1 RMS - RMSlevel of an input signdl defined as 10 log (sum of all DFT power spectrum
components). If the power weighting, in t@ectrum Scaling' dialog box is set to A, B or
C filter, then each spectral components is weighted, before the spectrum summation, with a
magnitude response of A, B or C filters (for definition of these filters see section 2.4).
1 THD - total harmonic distortioin defined as grcentage of the square root of ratio of power
sum of higher harmonic$if,H3,..) to thepower of fundamental signal harmonidj.

HI+HZ+.+H’
2 32 (%)

1

THD= 100\/

An alternative definitions frequentlyused:

2 2 2
HZ+HZ2+.+H
HZ+HZ+HZ2+..+H’

THD= 100\/ (%)

In a denominator a fudistorted signal power is usethis definition isclosest to the value of
harmonic distortions that are measuredibglog instrumentationis low noise systems. In a
system with a high noise a better quality measure,TisiR+N.

I THD+N 71 total harmoit distortion plus noisé defined as percentage of the square root of
ratio of power sum of higher harmonics and the noise power tottdsignalpowerthat also
include distortion and noise power
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THD+ N :100\/ HarmonicPaver + NOISEPOWGI’(%)

TotalPower

In analog instrumentatiorlarmonicPowefNoisePoweis obtained by applying notch filt¢o

the fundamental frequency. The RMS value of signal and signal with notched fundamental
harmonic are measuréasome predefined frequency band, usually from some low frequency
cutoff (10, 200r 100 Hz) tothehigh-frequency cubff (22, 30 or 80kHz). ARTA does not
useahigh frequency limiting. It imutomaticallydone bythe antialiasing filter ofan inputAD
converter.The low frequency cubff canbe set bytheuser.

Note: If there 5 no signal at the card input, theRMS shows the input chann8IN ratio.

2.2.1 Spectrum Averaging

The power spectrum averaging gives the estimation of spectral magnitudes of signals that are longer
than a single acquired sequence. The ARTA offers powaraging with a linear and an exponential
weighting, and a pedhkold averaging.

Exercise: Set averaging to linear, exponential, or phald, and note the differebehaviour
Note: A power averaging does not lower the noise level. It just gives #rage noise level.

Here is a brief explanation of the power averaging weighting.MFHoput sequences with spectral
components, , k=1,2, ..N/2-1, averaged spectral magnitud€® are obtained in the following way:

§ Linear averagingi averaged spectt magnitude®,, of M input sequences are obtained by
summing power spectrum with equal weigh¥l1/

mi2_ 1 ..

‘Yk ‘ “mva

M i 2

i=1‘ k‘

1 Exponential averagingi is usually used for monitoring of slow varying spectra. It
emphasizes recent events, smoothes out higjuéncy variations and reveals leiegm

trends. The ARTA uses a smoothing filter which simulates golss, first order analog filter
with a time constant:

[ =ade o+ - @)

The constanta is equal tol fs/( Tfs+1). In ARTA, Tis predefired as 16 acquisition time
of a single sequence.

1 Peak holdi actually this is not averaging, jugt" are equal to maximum values of spectral
components,

Y| = max(Xy]), i=12..M

You can restrict maximum number of averages in$pectrum analysis seatp' dialog box shown in
Fig. 2.2 (you get it by clicking the mel8etup->Measuremen).

Note: In aclassicabower spectrum estimatioit is usual tcaverage overlapped time records. This is
not implemented in the ARTA as ARTA is targeted to measuremésistem responses with
predefined types of signals that are periodithaanalysis window.
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2.2.2 Signal Windowing

DFT analysis gives an exact spectrum only if the acquired signal is periodic within the acquisition
window. If this is not the case signal window must be applied to suppress "leakage" errors (i.e.
when analyzing the spectrum of sine signal these errors give rise telal@dgectrum see Fig.

2.5a). Signal windowing is an operation in which the input sequegnsenultiplied withan equal
length sequence, that is called a signal window. The ARTA offers following signal windows:
Uniform, Flattop, Hanning, Blackman3, Blackmaridaises and Kaiser7 They are defined in Table
2.1

Uniform (rectangular) Wh=1, forn=0,1,2,.N-1
Hanning w, = 0.5 (1i cos§,)), Ya=2pn/N
Blackman 3 terms w, = 0.421 0.5cosy,) + 0.08cos(%.);

Blackman 4 terms w, = 0.35875 0.48829cos(,)

(Blackmani Harris) + 0.14128cos(2) - 0.01168cos(3);

Flat-top W, = (1-1.93cosy,) + 1.29 cos(%.)

- 0.388 cos(§,) + 0.0322 cos(#) ) / 4.6402

BN

e 21 <0
N

Kaise5 (b = 5p) 8 c N-1 =<y o & Uk
= , where 1,(X)=§
Kaiser7 b= 7p) lo(b) k=0

c

oo

O
=~
=
p

Table 2.1Definition of signal windows useaiARTA

When applying the signal window, it is recommended to follow these rules:

9 for continuous nonperiodic signals (noise) use the Hanning window

9 for measuring harmonic and intermodulation distortions use the Raiséne Blackman4
window, but to get 2-bit resolution useKaiser7 window
for calibration with a sine signal use the Rigpp window

for periodic noise, multitones and other signals that are periodic within the acquisition window
use the Uniform window

)l
)l

Exercise: Change the signal window anepeat measurements. Typical results are shown in Fig. 2.6

Spectrum (Lef) Spectrum (Left) Spectrum (Left)

N

e
Aot \Vw ™ Figure 2.6Spectrum of 1kHz
00 1000 1000 sine signal with applied
a) Uniform b) Hanning et windows:
Spectrum {Left Spectrum (Left Spectrum {Lefty
a) Uniform,
b) Hanning,
c) Flattop,
M d) Blackman3,
e) Blackman4,

EFIAERE \\ _ A Attt vl “”'U'.Ffjrmu.1.

1000 1000 1000

d) Blackman3 e) Blackman4 f) Kaiser (Magnitudes shown 20dB/div).

f) Kaiseb
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2.2.3 Spectrum Graph Setup

The menu comman8etup->Graph Setup(or click of right mousdutton in the plot area opens a
dialog box'Spectrum Graph Setup' (Fig. 2.7). Use this dialog box to adjust (1) the dynamic range
shown, (2) the frequency range shown and (3) the frequency axis resolution.

Spectrum Graph Setup ﬂ
—Magnitude akis————— [~ Freq. range [Hz]—— 1 Frequency axiz

Tepidg) |0 High |20000 Type Log hd
Fange [dB] |140 Lo |2EI Sml:n:uthingl‘IKS octave vI

Fit to graph top | Wi all | Filtered zmoothing [
Drefauilt | |lpdate | Cancel I QK |

Figure 2.7 Dialog box for spectrum grapetup

Magnitude axissection:
Top (dB) i entesthe level in dB for top graph margin
Range (dB)i entesthe graph magnitude range

Freq. range (Hz)section:
High i entesthe highest frequency shown (in Hz)
Low i entesthe lowest frequency shown ().
View All 7 ses Low and High frequencies to enable the view of all DFT spectrum components.

Frequency axissection:
Type - Four types of the frequency axis resolution are available:
Linear i DFT spectrum shown on a linear frequency axis
Logarithmi c - DFT spectrum shown on a logarithmic frequency axis
Octave smoothing- power levels in smoothed (sweeped) octave bands are shown
Octave bandsi power levels in discrete octave bands are shown (simulate the RTA)

Smoothing i The Octave smoothing ardctave bands modes are useful for monitoring the spectrum of
wideband signals. The frequency resolution of these modes can be setowtals where n can be:
1,2,3,6,9,12 and 24.

Filtered smoothing - Smoothing 1/roctave filters have, by default, briekall characteristics, but if you
check the boxFiltered smoothing then smoothing filters have characteristics of class | IEC filters (six pole
bandpass Butterworth filters).

2.2.4 Graph Colors and Grid Style Setup
Graph colorsanbe changed in two cagories: background and foreground.

o User sets th background coldio "Black” or "White" by clicking the menu commanédit-
>B/W background color' or by clicking the toolbar icor” .

0 User sets an arbitrafgreground colorfor every graph elemeibly clicking the menu
commandEdit->Colors and grid style'. That openghe 'Color Setup dialog box shown in
Fig. 2.8. Clickirg the left mouse button on a named color rectangle opens the standard
Windows dialog boxColor' shown in Fig.2.9
Note 1:If the check boxAll overlays with same color'is checked, albverlays will be
plotted with same color.
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Graph Colors and Grid Setup x|
—Basic colars —COwverlay colors
Graph background /RN Overlayl |
Graph ticks+border [N overlayz |
Plot peni I Overlay3 |
Plot pen2 e Overlays [
Flot pen3 I Overlays I
i overlays [
Grid color ]
overlay7 [
SubGrid color I Overlays
e el ' Overlays [
Marker color I Overlay1o N
Target overlay color [N Overlay1l [
Overlay12 [
—Graph grids
overlay13 |
Dotted graph arid [ Overlay14 [
A.dd axiz tld{ mad{g I_ DuEﬁa‘_flE _
Add subgrid on magnitude axis [~ All overlays with same color [
Default | Cancel ok |
Graph Colors and Grid Setup ﬂ
—Basic colars —Owverlay colors
Graph background | overlayl [N
Graph tics+border NN Overlzy2 [
Plot pen1 I Overlay3 I
Plot pen2 I overlays NN
Plot pen3 I Overlays [
_ Overlays I
Grid color I
Overlay7 [N
SubGrid coler ' Overlays I
e ' Overlays
Marker color I Qverlay 10
Target overlay color I Overlay1l
Overlay1z [
—Graph grids
overlay1s oo
Dotted graph grid [ Overlay14 [
Add axdis tick marks [ overlzy1s NN
Add subgrid on magnitude axis [ All overlays with same color [~
Default | Cancel | ok |

Figure 2.8Dialog boes for graph color setup a) for black background and b) for white background
color
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B rErEEE

= T
MFEENEN N
HEEEEN e
T N

Custom colors:

| § H 8 § § § § |
EEEEEEEN

Define Cugtomn Colars > "

E I Cancel |

Figure 2.9 Standard Windows cotgicker

Colors areused for plotting curves infallowing way:

Plot pen 1 is used for plotting gated impulse respospectrum and FR magnitude,
Plot pen 2 is used for plotting phase,
Plot pen 3 is used for plotting ungated impulse respandaoherence function.

Graph grid style is defined withree options

1 If the check box'Dotted graph grid' is checked, the graph grid all types of graphswill be
drawn in dotted style.

1 If the check box'Add axes tick marks' is checkedFR andspectrumgrapts axes willhave
tick marks

1 If the check box'Add subgrid on manitude axis'is che&ed, FR andectrum graphs will
havea densemagnitude gridThis option disables the dotted grid option.

The buttonDefault' restores default coloemnd grid $yle.

2.3 Frequency Resolution of DFT and Octave-Band Analyzers

The frequency resolution is defined as a minimal difference in frequency necessary to distinguish two
spectral components. It depends on (1) sampling frequé&)cy2) 'FFT size' and (3pplied signal
window.

DTF analysis oN input samples givel/2 spectral components whose power spectrum equals the
signal power that can be obtained with an ideal bandpi@sshat has constant bandwidth

Df =fs/ N, at frequencief = kDf, k=0,1,2,.N/2-1. The bandwidth also depends on the applied signal
window. The table 2.2 shows the effective noise bandwidth and the side lobe suppression of signal
windows that are used in the ARTA.
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window effective bandwidth side lobe suppressio
UNIFORM 1.0 13 dB

HANNING 15 31.5dB
BLACKMANS | 1.7268 66 dB

BLACKMAN4 | 2.0044 94 dB

KAISER5 2.2183 130 dB

KAISER7 2.6849 160 dB

FLATTOP 3.7703 73.6 dB

Table 2.2Characteristics of ARTA signal windows

In octave band analyzers the power spectrum is mecst some frequendyin a frequency band
that has &onstant relative bandwidth.In a 1/noctave filter, the relative bandwidth is equal to

1 .1
%:(2%_ 2 2n)
fi

For example, the 1/8ctave filter has bandwidth 23% of the cahfrequency.

Certral frequencie®f 1/n octave bandsre determined by the expression:

1 A
n

fi=2"f ., fii=2

with 1kHz used as reference value. This formula gives values that are d8&estandard
frequencies given in table2

16.0] 20.0] 25.0
31.5| 40.0] 50.0
63.0] 80.0 100
125 160 200
250 315 400
500 630 800
1000| 1250| 1600
2000| 2500| 3150
4000| 5000| 6300
8000 | 10000| 12500
16000| 20000| 25000

Table 2.31SO 266- Preferable cenait frequencies of 1/and 1/3octave bands. (The first column
shows 1/ioctave band frequencies)

In theSpectral analysis windoan estimation of thectave band power is determinegl summing

spectral powersfdFT bins that are inside Hoctave frequency band. Two methods of sumnaireg
implementedasillustratedin Fig. 2.10, anddefined as follows:
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hand-pass hand-pass

X°

| K

Figure 2.10Summing spectral powers in a bapass of
a) brick wall filter, b) 6pole Butterworth bandpass filter

Power Py, in the bandy ¢ fy ¢ f,, can be estimated iwbd ways:

1. Power output of brick wall bangdass filter- First, it is assumed that each DFT component
gives the constant power spectiahsity G Df in the frequency region nDf-Dff2 ¢ f ¢
nDf +Df /2 (this way we get piecewise continuous spectrasitg). Then, the power in a band
is obtained as an integral of continuous spectral density functionfiioimf,,. This process
is illustrated in Figure 2.10a)The lowest frequency is determined by frequency of DFT bin
that has relative bandwidth eaj to 1h-octave.

2. Power output of gole Butterworth bandpass filtérFirst, the power spectrum is weighted
with a squared magnitude of a bandpass filter response. Fhsrestimated as a sum of
power spectral components between frequencies whefite¢heesponse is20dB. This
process is illustrated in Figure 2.10dditionally, it is required that at least three DFT

spectral components contribute to that band. This requirement means that the bandwidth of a

1/noctave band must be greater tidmuble the DFT resolution bandwidth, which gives that
the lowest frequency of artbctave band is:

2pf 1

lowest 1 1
N

(27 -2 2)

f

For example, for a sampling frequerfsy 48000Hz and the number of samd\es16384, the
lowest frequency of DFT spectra isuadjto 2.93Hz, the lowest H&tave band is 25Hz and
the lowest 1/1ctave band is 100Hz.

The first method is preferred methiéot the high resolution analysisut if the user wants to get the
response as close as possible to responses-ottHmeanalog filtersor close to the response of
psychoeacoustical critical band filterthe second method gives better result

The power spectral densityof thek-th band issqual toPy /( fax- f1y).
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2.4 RMS Level

The RMS signal level is shown at the gjndeft bottom position, but only if the dialog box 'Spectrum
Scaling' (Fig 2.3) has checked the button ' Show RMS Level '. The unit for the RMS level is dBFS or
dBV or dBy but if the microphone is used, then unit is dB re 20uPa or dB re 1Pa.

The same idlog box has a section 'PowaNeighting’, where usethoosedo apply, to input signal,
one of IEC 60651 standard weighting filters (type A, B or C). Appropriately, the level labeling is
appended with the text (A), (B) or (CT.he frequency responsetbiese weighting filters is shown in
Fig 2.11.

dB
10 [ [
oLl o L1 aii-
_m.—-"'/ LB T %
z .
=20 1 }
2REY%

20 50 100 200 500 1k 2k 5k 10k

[ [Hz]
Figure 2.11A, B and C frequency weighting (IEC 60651)

To+T
The RMS value is defined as: RMS= % Fx(t)?dt

To

The ARTA uss the integration constark equal to the duration of one FFT block (exarspiee
shown in table 2.4).

FFT- length 4096 8192 16384 32768 65636 131072
T (fs = 48000Hz) seconds 0.085 0.170 0.341 0.682 1.365 2.730
T (fs = 44100Hz) seconds 0.093 0.185 0.371 0.743 1.486 2.972

Table 2.4FFT-block duration (for sampling frequersi 48000Hz and 44100Hz).
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2.5 The Time Record

The time record of the last captured signal can be seen ThntieeRecord window (shown on Fig.
2.12). It can be activated by clicking the mé&Xecorder->Time record, or by clicking the toolbar
icon &

E:' Time Record ;Igl ﬂ
File Edit
Channel
Time record (my) Zoom 1:1
I Left TI
A
R
52272 1 Offset

Le]»

el A A A A |
RN IWANANI AN WA R
R RTA

L]

Min

52272 | x|
| Min

0.00 1.71 3.42 5.13 6.83 ms Scroll
Cursor; 395426 mV, 2687 ms (128) Gate: 2.063 ms (99) v

Figure 2.12Time record of the last captured signal

The plot shows a properly scaltihe recordof the input signalThe yellow line denotes troairsor
position, and the red line denotes tharker position.

User sets the cursor positiby pressig and draggingheleft mouse keyand marker positiohy
pressing and draggintbe right mouse keyDouble clicking the right mouse button tathe marker
on and off.

The'Cursor:' label denotethe report for thenagnitude of the signal at the curpasition (time in
ms or sample positionin braces). Thesate:' label denotethe report for thelifference in time (and
in samples) between the cursor and the marker.

Buttons on the right pane serve as comman&gtoll the signal plot, t&Zoom plotin and out, to
change thé&ain and verticalOffset.

Zoom ratio is shownabovetheupper right corner of the graph. It is written as ratig wherep
means number of pixels used to dnagignal samplesvaximal zooms defined with ratio 8:1,
normal Domis defined with ratio 1:1 anchinimal zoonis defined with ratio In, wherem=signal
length/graph width in pixels.
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Zoom commands:
Up - increases the zoomatio.
Down - decreases the zoomatio.
Min - setsminimal zoom ratio (to show almost all sigisamples)
Max - sets maximal zoom ratiby following these rules
1 If marker is set, then alampledetween the cursor and the mankdi be shown with
maximum possible zoom ratio.
1 If the marker igurnedoff, the plot is zomed to ratio 1:1 witltursor position sets to first
graph point (oto ratio 8:1 if previous zoom ratio is lower or equal to 1:1)

Gain commands:
Up - increases the gain factor
Down - decreases the gain factor
Min - sets minimal gain factor
Max - sets maximal gain factor

Offset commands:
Up - increases the vertical offset
Down - decreases the vertical offset
Null - sets the vertical offset to zero

Scroll commands:
Left T scrolisthe plot to the left
Right 1 scrolisthe plot to the right

The Channel' combo box shws the currently used channel (left or right).

You can also use following shortcut keys:

Up andDown to change the gain

Ctrl+Up andCtrl+Down to change the vertical offset
Left andCtrl+Left to scroll the plot left

Right andCtrl+Right to scrollthe plot right

Shift+Left andShift+Right to move the cursor left and right
PgUpandPgDown to change the zoom factor

Del to set cursor position tg 0
Ctrl+Del to remove marker

Ctrl+Ins to setmarkeron cursor position,

Shortcut keys are &tive if graph window hasa focus. The focus is seby clicking the mouse in
the graph area.

Dragging the mouse in the label area scrolls the plot horizontally and vertically.
Doubleclicking of the left mouse button in the time axis area toggles tleggaimple position
labeling.

Menucommandsre:

File
Export ASCIl - saves time and amplitude data in textual file
Info - opens message box that slsdte signal RMS value and crest factor
If themarker is set, the RMS value is determinecttier gaed part of thesignal.

Edit

Copyi copies graph window to clipboard
BW background colori change$ackground color to back or white
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2.6 Monitoring Spectra of Wideband Signals

Being in the Loopback measurement setup, we shall explore followidgmaexcitation signals:

9 continuous white noise - use Hamming window and averaging

9 continuous pink noise - use Hamming window and averaging

9 periodic white noise (PN white ) - use Uniform window and no averaging

9 periodic pink noise (PN pink) - useUniform window and no averaging

1 periodic speech noise (this signal is exclusively used in the estimation of speech transmission
indexi STI)

Note: Classical reatime audio analyzers use the pink spectrum excitation for an egsanceor an
octavesmoothe analysis of the loudspeaker response. In an ideal case (after the averaging) a pink
spectrum excitation gives a flat response in the Power Spectrum mode (dBFS RMEBMVIf we use

the white spectrum excitation, then an octave band or an estievethng analysis gives the flat
response in the PSD mode (power spectral density mode).

It is important to study characteristics of white and pink spectrum signals, as they will be used for
frequency response and impulse response estimation.

Exercise:
First, set:
Generator:  White noise
Scaling: PSD
FFT size: 32768
Fs (Hz): 48000Hz
Window: Hanning
Fr. axis: Octave smoothing, 1/3 act20H220000Hz

Averaging:  None
You will get the spectrum shown in Fig. 2.13.

Spectral density dBVIsgiHE) (103 octh Left Awvg:
20.0

-35.0
-40.0

-50.0

-55.0

-G0.0

-65.0
-0

100 1000 10000
Cursar: 2015 Hz, -43.87 dB Frequency(Hz)
RMS = -1.6 dBW

Figure 2.130ctavesmoothed spectrdensity of the white noise generator (PSD scaling)

Note that spectral density of a short "white" sequence is not flat. The ripple is ve(y HigtB).
If we repeat measurements in the averaging mode set to Linear, after 20 averages we will get the

spectrum shown in Fig. 2.14. The ripple is lowered®ttdB. By using 10@&veragesthe ripple can be
lowered to° 0.2dB.
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Spectral density dBVIsgiHE) (103 octh Left Awg:20

-30.0
-35.0
-40.0

-45.0 —

-50.0

-55.0

-G0.0

-65.0
-0

100 1000 10000
Cursar: 2015 Hz, -45.20 dB Frequency(Hz)
RMS = -1.6 dBW

Figure 2.140ctavesmoothed spectral density of the white noise after 20 averages (PSD scaling).

Now if we change to:

Generator: PN white (periodic white noise)
Window Uniform

we get the spectrum shown in Fig. 2.15.

Spectral density dBV sgri(HZ) (153 och Left Avi
20.0

-35.0
-40.0
-45.0

-50.0
-55.0

-G0.0
-55.0
-0

100 1000 10000
Curzar: 20,15 Hz, -46.67 dB Fregquencyi{Hz

RS = -2.8 dBW
Figure 2.150ctave smoothed spectral density of the periodic white noise

What is obvious is that periodic noise signal has a perfectly flat spectral densitytvaitlecaging and
without any signal windowing.

Note: The same result can be obtained with a pink noise excitation (PN pink) and a scaling set to
dBFS or dBV.
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2.7 The Periodic Noise

A periodic noise is a signal that belongs to the class of randore phassine signals (RPMS). Itis a
zero dc, periodic signal that contaMssine components, each with a random phase:

9(t) =8 A cos@akit+/ ). /,=randoni [0.2]

k=1

In the ARTA, a wideband multisine signal is generated using the inverse DFT:

lN-l o )
g, :_a A(eJ/kelzld(n/N ,
N k=0
. _ &0, k=0 . , ) ,
whereA<=|,A< k>0’ J n-x =/ « | random [0,2,0],/,\,,220
| ’

Three types of the periodic noise are implemented in the ARTA:
1. White PN - it hasA,= const, and white spectrum.

2. Pink PN - it has A, =(A,, and spectral magnitudes rolf 3dB/oct (after some cudff
frequency- see Fig. 2.16). In the ARTA, a variable low frequencyaftifrequency can be
changed in the dialog bd®ignal Generator Setup: The pink noise is usually used in octave

band orl/n octave smoothing modes with a dBV scaling (see Fig. 2.15), as it gives a linear

frequency response in bands with a constant relative bandwidth.

3. SpeechPN - it has spectral magnitudes determined by IEC 6a%&tandard for Speech
Transmission Index nasurement (see Fig. 2.18).

Amplitudes of these signals have a normal distribution, and a crest factorl® dB. By further

processing, the crest factor can be lowered to values below 6dB. In the ARTA, the periodic noise

generation is implemented withceest factor lower than 10dB.
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Figure 2.160ctavesmoothed spectral density of periodic pink noise (PSD Scaling)
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Figure 2.170ctaveband spectrum of periodic pink noise (dBV Scaling)
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2.8 Testing with Two Sine Signal

The excitation with two si@ signalis normally used to measure intermodulation distortions. In the
dialog box Signal generator setup'the user can choose two predefined measurement setups (11kHz
&12kHz with a magnitde ratio 1:1, and 100Hz & 8kHz with a magnitude ratio 4:1) or sets the User

defined choice (two sine frequencies and a magnitude ratio).

To measure intermodulation distortions, follow this procedure:
1. Generator type: twsinus
2. In the'Spectrum Scalng' dialog box check thtMD box.

— Digtortion
v THD Mormalize with full power [~
¥ THD+M Low Fr. [Hz] |20
WV D 2nd and 3rd arder IMD [
[ Multitore TD+h lze freq. weighting [

Figure 2.19

3.In the dialog boxSignal Generator Setup', set two sine frequencies User section to 11000Hz
and 12000 Hzand an amplitude ratiw 1:1,as shown in Fig. 20.

— Twao sine generator

Freql Freq: kdagn

© Defl  [3kHz  fiakz  [1:1
" Def2  [280Hz BkHz [4:1

& lser 11000 | 12000 1 1
Figure 2.20
4. Set:
Frequemry axis scaling: Log
Averaging: Linear
Window: Kaiseb
Spectrum magnitude dBFS Left Avy 26
0.0
200
-40.0
-B0.0
0.0
-100.0
200 =]
I e T Wy
a0n 100 1000 10000
Cursar.  23.4 Hz, -121.98 dA Freguency(Hz)
RhS= -55dBFS IhAD =000 2 %

Figure 2.21Intermodulation distortions of the soundcard Terratec EWX 24/96 (measured with two

sinusoids 11kHz and 12kHz)
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The example from Fig. 2.21, shows the intermodulation spectrurthdofl kHz and 12 kHz
excitation. Note the dominant intermodulation component at 1 kHz (it is the difference between 11
kHz and 12 kHz).

2.8.1 Intermodulation distortion definitions

The ronlinear intermodulation distortion is characterized by the appearanthe output of a device,

of frequencies that are linear combinations of the fundamental frequencies and all harmonics present
in the input signals. Harmonic components themselves aresnallyconsidered to characterize
intermodulation distortion.

To explain how ARTA estimatatermodulation distortiorwe use notatiom(nf,” mf,) to expresghe
magnitude ofa intermodulaton spectrumcomponentat frequencynf,® mf,. The spectrum othe
excitation signal has two componemtith magnituded(f;) andI(f,). It is common to say thatf;® mf,
is a distortion component of an ordem.

There are several methotbsexpresghe percentagef intermodulation distortion
91 Power method
1 SMPTE(Society of Motion Picture and Television Engineaagd DIN45043standard method
i1 IEC-60286 standard method
1 CCIF (now ITU_R) standard method

Here we briefly discusthese methods

Power Method

Intermodulation distortion is calculated as the square root of the ratio of power sum of intermodulation
products components thdtotal signal power.

3 1%(nf,° mt,)

IMD 4\, =100 |— e %
1°(f)+17°(f,)+ @ 17(nf, ® mf)

m,n>0

In ARTA, only largestcomponentsre usedfor 1<mn< 8.

IEC 60268 method
For loudspeaker measuremenite standard IEC 602685 definestwo factors

I(f2+f1)+|(f2' fl)
1(f2)
I(f2+2f1)+|(f2' 2f1)0/

(1) °

2nd orderModulation distortiorfactor MD, =100 %

3rd orderModulation distortiorfactor MD, =100

These factorshow dominant intermodulation distortionsen f, >>f,., i.e.for loudspeaker testing
we USdg = 85f1

For amplifierdistortionmeasurementsyhenf, °© f; the standard IEC 602683 definegwo factors
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2nd order Difference frequency distortitactor DFD2=10 (T, - 1) %

L(f) +1(f;)

|(2f,- f)+1(2f - f,)
L(f)+1(f,)

%

3rd order Difference frequency distortiéactor DFD3 =100

DIN 45043(SMPTE) method

This method assuntbat f, >> f;, usuallyf,;= 250Hz,f, = 8000Hz in DIN, or f;= 60Hz, f, = 7000Hz
in SMPTE standardAmplitude ratio isl(f;): I(f;) = 4:1.

The SMPTEmeasurement method is determined for analog instrumentgiistythe output distorted
signalis high-pass filtered a2000Hz to remove influence of componé(ft). Then, he filtered signal
is amplitudedemodulated at frequen&y and low pasfiltered at 700 Hzo getthe power of
modulation componenttf,® nf;. Only a few componentereused.Finally, IM distortion is expressed
as square root of ratmf modulationpower to power of(f,).

ARTA follows definition from DIN standardalledtotal intermodulation factor:

2
IMD,,, =100 \/é1 (1(F; +nf) +1 (, - nf)
1%(F,)

In this expressiomamplitudes of the sidebands are susmmed and expressed as a percentage of the
upper frequency leverlhis intermodulation factor is very close to the value of intermodulation
distortion that can be measured by SMPTE analog instrumentation.

CCIF (ITU-R) method

CCIF standard for iermoduétion distortion measuremerescommendgxcitation withtwo closely
spaced frequency componeft® f;. It is recommendetb usef,;= 13kHz, f, = 14kHzin 15kHz
limited systemor f;= 19kHz, f, = 20kHzfor amplifier testingRecommended amplitude i@ts I(f,):
I(fy) = 1:1.

Dominant intermodulation prodigare atdifference frequencies. Second order DFD isejuencyf,
- f,, the third order DFDs are at frequencies 2f; , 2f; - f,, then follows DFDs at frequencief; -
2f, 3f; - 2f,, € and so on.

Many analoginstruments that conform to CCIF standard measure 8hyr@er difference frequency
distortion DFD2i.e.

IMD, = DFD2 (in analog instrumentation)

SomeCCIFinstrumentsaalsomeasure 3rd order difference frequencyatistn DFD3.

Due totheclose frequencgeparationthis technique is also applied in some swiepquency
analyzers.

Modern FFTanalyzersare capable of measuring all distortion produb®RTA repors DFD2 and
DFD3andalsoatotal intermodulation disttion (IMD), calculated by power method usitvgenty
strongestntermodulatiorspectrum components
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Calculation and report of intermodulation distortion sin ARTA

ARTA uses all described method to calculieintermodulation distortionThe choice ofused
methodis determined automatically frotheratio of frequencied, and fy, in thefollowing way:

1 If f,/f;<2 ARTA uses CCIF method and repdifference frequency distortiddFD2 and
DFD3plusIMD (defined withpower method).

1 If f,/f, >7 ARTA uses DIN (SMPTE) method and repamsdulation distortion IMDp)y,
MD2 and MD3

1 If 2<f,/f, <7 ARTA uses Power method and reports IMD

If the ratioof amplitudes diffes from recommendatiain standardst should be reported by the user
additionally.

2.9 The Multitone Testing

The multitone testing is becoming a very important for testing the quality of digitally coded audio
signals. The multitone belongs to the class of multisine signals. It is a sum of several sine signals with
constanamplitude and phases that are optimized to give the lowest crest factor.

Following multitone signals are implemented in the ARTA:

1 Wideband range 1/3 octave spaced sine signals fronb2fo fs/2. Crest factor 12
1dB

1 Speech range Linearly spaced sie signals from 100Hz to 500Hz, plus 1/3 octave
spaced sine signals from 500Hz to 8kHz. Phases optimized for crest
factor 10° 1dB.

1 ITU T 0.81 39 sine signals with frequencies spaced 100Hz (from 100 Hz to
3800Hz). Phases are determined accordingltb TT
Recommendation O.81. Crest factor °10dB

1 Low decade range  Ten sine signals, 1/3 octave spaced in a low decade of the sampling
range. Crest factor 102dB

1 High decade range  Ten sine signals, 1/3 octave spaced in a high decade of the sampling
range. Crest factor 10 2dB

1 Square + sine Sum of pemdic square pulsof frequencyf;=3.1&Hz and sineof
frequencyf, =15kHz, with amplitude ratio/;: Vo= 4:1,is normally
used for testing transient intermodulation distortion (DIM). For
testing amplifierit is recanmended to use sampling frequency 192
kHz or 96kHz.DIM in percentage is defined with expressjbi]:

1/2

el ,0
DIM (%) =10Q§] Viiu  /Vs
én=1 u

whereV,, is amplitude of intermodulation componédnt nf;, wheren
is a positive integer and, is the amplitude fothe sinusoid.

All multitone components are generated so that each sine frequency coincides with a frequency of
DFT bins. That is why; in analyzing the response tontintitone,we do not need to apply the signal
windowing. Fig. 2.22 shows the spectrumf t he fAspeechod multitone pass
Note a high percentage of distortions.
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Note: The term TD+N (total distortion + noise) is a quite new. It is not accepted in any standard yet.
Its meaning isTD+N is the percentage of the square rootfdhe ratio of power of all noise bins to

the power of multitone. Intermodulation distortion in Square+sine mode isexpressed as

DIM (%).

Spectrum magnitude dBFS Left Avi:2a
oo

-10.0
-20.0
-20.0

-40.0 ;
i a
-50.0 _'_J'f“ 1.

500
700 = "‘,‘h
200

-a0.0 il
1000

100 1000 10000
Cursar.  21.5 Hz, -70.06 dB Frequency(Hz)
RMS= -0.0dBFS TO+H =52 7735%

Figure 222The spectrum of the fispeecho multitone pass
system.

Note: Distortion testing with multitone signal seems to be the only meaningful measure for distortions
in coded systems.

2.10 Monitoring Measurement Dynamics

During measurements the user can check the measurement dynamic rangeametpedoxes of the
Status Bashown in Fig. 2.23

Ready L:-2.5d6 R:-3.4dB | Spectrum Analyzer
| | I A
Figure 2.23Status bar of ARTA windows

The left text shows the current menu context.

The right text box shows the measurement mode.

Text boxes L: and R: show maximum fsltale levels of left and right input channels during the
measurement. These "pealeters” have a dynamic range frebh®0 to O dB.

If input channels are overloaded thibasepeakmeters show the text "OVRL".

2.11 Spectrum Overlay

The overlay is a curve that is permanently shown besides the currently sh@sones curve.
During or after measuremeniser can set the current curve as an ovényaslickingthemenu
commandOverlay->Setor by pressing keyboard ke@rl+A . Besides spectrum magnitude and
overlay curves, the graph can show the difference betagestrum magnitude and overlay. To
enable this, menu ite@verlay->Show difference from overlaymust be checked.
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As an examplethe Figure 2.24 showdteecurves: black curve showspectrummagnitudeafter 100
averagesgreen curve showsverlayobtainedfrom spectrum after 2 averagasd blue curve shows
difference of spectrum magnitude and overlay curve

i1 ]

File Owverlay Edit View Recorder Generator Setup Tools Mode Help
Co|(” |Inp Fre Fri(Sea | e @ [ B (P | N | = m | = 2

Gen [whitenoise x| Fstz) [4s000 x| FFT [s192 | Wnd [Hanning x| Ava [Linear x| Reset|

Top
Spectrum magnitude dBF3 Left Avg 100 -
0 A =
20.0 R
10.0 - 1 Fit |
0.0 wh ."“'\_J"lll". v\ﬂl?ﬁw _‘Ijllll."ililvr'.rullr]"'.
Range
-10.0 =
FY
-20.0 j
-
=-30.0
-50.0 = mOver
o0 By Fi 4 f sllagn  FrHigh
-70.0 l'l K1
20 50 100 200 500 1k 2k 5k 10k 20k Erl
Cursor: 23.4 Hz, -52 24 dB, Diff=2.18 Freguency(Hz) rLow
RWS = 185 dBFS Jj
Ready |L:-12.3d8  |R:-12.3dB | Spectrum Analyzer i

Figure 2.24Black curve showspectrummagnitudeafter L00averagesgreen curve showsverlay
obtained fromspectrum after 2 averagasd bluecurve shows differendeetweerspectrum
magnitude andverlay curve

The overlay can be removed by menu commawudrlay ->Delete

Overlay can be saved to a disk (menu comn@werlay->Save or loaded from a disk (menu
commandOverlay->Load).

Overlays are saved in binary format files with the extengi@V So.

Almost in the same manner overlays are used in the Frequency response window, but they are saved in

files with extension .OVF.

Note: Values of current spectrum curganbe saved inextualfiles(menu commanéile->Export
ASCII or File->Export CSV). The savedile contains lines of text with values of frequency in Hz
and magnitude in dB.

Note: Overlay level depends on type of spectrum scalling. If it is made in a PSD mode it is valid in

tha mode. The same holds for power spectronate (dBV, dBFS).
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2.12 Saving generator signals in a .wav file

Sometimes it is necessary to use external signal generator, for example, for testing acoustics in a car or
for testing a CD player. All signals thedn be generated by ARTA (noise, sine, and jitter, multitone)

can be saved as a Microsoft .wav file. The menu comn@arkrator->Save in .wav filéin mode

Fr2, Fr1 andSea opens the dialog bo$ave generator signalas shown in Fig. 2.25.

Save generator signal x|

—Wav Format————  —Signal type

Sample rate (Hz)
Type ISinE - I
I*‘-'I-BEII:IEI v I

Bits per sample

|16 bit PCM vI

Mono/Steren/5. 1

IStereu:u TI

‘F = 1000.00Hz

—Level and Duration

AR M FIT Level {dB F5) -3 _:I
FR ¥ ELIT
Duration {min) | 1
c T R [T
| Save in *.wav file I Temporary generator setup |

Figure 2.25 Dialog box for making mulichannel .wav files with ARTA generated signals.

Three sections serve to set the type of signal, the wav file format and signal level and duration. After a
proper setup, a butto8ave in *.wav filé opensa dialog box for aving a file. If a more advanced

generator setup is needed it can be activated by pressing Detooorary generator setup. It will

open theSignal generator setupdialog box (as shown in Fig. 2.1).

Wav Format section has following controls:
Sample rate (Hz) - sets the sampling frequency
Bits per samples- sets the number of bits in PCM coded sample (16, 24 or 32)
Mono/Stereo/5.1- sets number of channels to mono, stereo or 5.1 4ch#innel.
Check Boxes FL, FR,, C, LF, BL, BCset which channel imulti-channel stream will contain generated
signal (FLi front left, FRi front right, G centre, Bl= back left, BRi back right and LF low frequency).

Signal typesection has following controls:
Type - sets type of signal that will be generatsithe, two sine, jitter test, multitone, continuous white
noise, continuous pink noise, periodic noise: PN white, PN pink, PN speech).
Text boxshows the frequency of sine or two sine signals as shown in edit box. To change this (press button
‘Temporary genator setup').

Level and Duration section has following controls:
Level (dBFS)- editsthe signal amplitude relative to the PCM full scale value.
Duration (min) - editstheduration of signal in minutes.
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3 Theory of the Frequency Response
Measurements

3.1 LTI Input/Output relationship

The frequency response measuremsiased orhe classical Fourieanalysis whictstates that every
time signa) with afinite energy hasa corresponding Fourier transform. drsystem analysis we
assumehatlinear time-invariant (LTI) systems excited with a signad(t) andon outputhas signal
y(t). Both signals«(t) andy(t) havecomresponding Fourier transfoaX(f) andY(f).

x(2) h(8) »(®
xy _HD o

Figure 3.1The LTI system

The relationship betwedheinput andthe outputof aLTI system) in the frequency domain, can be
expressed as:

Y(f)=X(f)H(f)
where complex functiohi(f) is calleda frequency response

Y(f)

HD =%

:|H(f)|ej/'(f)

[H(f)| is termeda magnitude responsand;j (f) is termeda phase responsé he frequencyesponse
shows how the system changes the magnitude and phase spedninpat signal.

The inverse Fourier transform tifefrequency response is calledpulseresponseWe denote it as
h(t).

The poductX(f) H(f) hasaFourier pair inthetime danain defined byhe convolutionx(t)Ah(t). This
convolution is equal tthe outputsignaly(t):

y(t) = x(t) A h(t) = :?11(r)x(t - t)dt

The functionh(t) is calledimpulse responsaf the system, as it is a system response to an imgulse
functionexcitation It is obvous, as byanalyzingthe convolutiona(t)Ah(t), we get:

h(t) = H‘n(z‘)d(t- t)dt

The system frequency resporseisuallyestimated by usintheinputoutput crosspectrum anthe
input autespectrum. By rewritinghe expression fothetransfer functia in thefollowing form:
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H(h =YD _YOX () _Sy(1)
X(1) " X(HX(F) ~ 8,(D)

we can get the frequency response by dividivggnput-output crosspectrum withtheinput aute
spectrun(star denotes the complex conjugate vallib)s equationis usuallycalledH; estimator

Fourier transform pagof the crossspectrunS,(f) andtheinput autespectrunS(f) are thecross
correlationR,(t) andthe autocorrelation Ry(t)), i.e.

R, U S (f) “crosscorrelatiort
R, () U S,(f) “autocorrelation"

If thesystem input haawhite spectrum §,(f)=1), thenR(t)=d(t), theimpulse responsis equal to
theinput-output crossorrelation;

h(t) °© R, (t), if input has white spectrum

UsingtheH1 estimator for the frequency (and impulseponseestimations important, as it will be
shown that this estimator has good properties in redul@igfluence ofthenoise and distortions.
Theprecedingheory is valid only fonoiseles®nvironment and for the excitation sigtizt has
infinite duration. Inpracticewe always have some noise present and wecbranalyze signalef
finite duration.

Fig. 3.2shows the measuring system thayji¢al in acoustical measurementhe computer
generated signa), after D/A filtering with transfefunctionD, is applied to the test system that has
thetransfer functiorH. Note thatH representhebest linear fit of the possible nonlinear transfer
function. The generator noiserisglectedThe output from the test device, togetivith the additive
system noise@, is acquired by the computer as a discrete signal seqyehbe acquisition process
implies the use of an antialiasing filter that Haestransfer functiorA.

Moise

/A filter " A/D filter
g D H A =

DT

A X

Figure 3.2 Block diagranof the measuringystem

Note: In acoustical masurements we neglect the influenceéhafgenerator noise arttie noisein the
input channek, as they are much smaller thi#we noise and distortions ithe outputchannel y

In a dual channel system the input to the test device is acquired by thetepaga discrete sequence
X. In a single channel system we do not meash@signal athe systeminput, andwe considerthe
known signal g aa system excitation.

In next sections we shall discuss dual channel and single channel measurement systems.
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3.2 Dual Channel System with Continuous Noise Excitation

In a classical Fourier analyzer the excitation is a random noisthefrdquency response is estimated
by dividing the averaged croespectrum XY with the averaged autgspectrumX X of N input and
output discrete sequencesindy.s We define théd, estimator as:

iz

Y ()X (f
.( ) I( ):<Sxy(f)> (H, estimatoy

X,(1)x (1) (S0

)

I
S
1

I

Q2

1
N

whereH(f) denotes the estimatéiccquency respons8rackets <> denote the averaged valbhe H;
estimator gives biased estimate of the real trarfsfgetion H(f), which is dependenbn the noise,
distortiors andthedelay between input and output channel.

When onlythe noise contributeto thebias,the effectof averaging can be expressed by the equation:

In(N(f)A(F)X(f)) +i<Ns(f)G*(f)> D
X (OX(1)] @ (f) f

Note that signlterm is summed coherently, while the stochastic part of the noise is power summed.

H(f)@H(f)+

The conclusion is thdahe averaging lowers the noise level proportionally with a square root of number
of averages, thus improving the measurement S/N by I)ld§tonlinear distortions are present,

then part of the system noise is coherent with a generated signal, and a better measure for the
proportionality of the noise+distortion and a number of averadie&jién, whereg is the int-output
coherence functiqrdefined as;

1(Sy(F)F

7 = 15.(1)85, (1)

The coherence function is a measure of the proportion gifaverin y that is due to linear operations
on the signak. When estimatinghetransfer function, the coherence function is a useful check on the
quality o data usedThe maximum value of coherence idrithe ARTA you candisplaythe
coherencesoit is possiblago check the coherence associated with "double channel" measurements.
Practically,we must havef closeto 1to ensurehegood estimation, bue must keejin mind that
coherence hassense only if the number of averages is greater than 1.

uncorrelated
signal
| input excitation - continuous noise ffl }31 |
I system output 323-_'_\"1?::-'_'_} |

Figure 3.3lllustrationof theuncorrelated estimatian a classical Fourieanalyzer
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Main problensin classical Fourier analyzer withe continuous nise excitation are:

1 The &citation sighal does not hatke constant spectrum. This gives the frequency selective
noise bias. It is high at frequencies whttegenerator spectrum has notches. This resolution
bias can be greatly reduced by increasingntimaber of averaging cycles. It is recommended
to make at least 8 spectrum averages and monitor the coherence function.

1 In a system witha large delay betweethe input andthe output (seeFig. 3.2), i.e. when
measuring loudspeaker in room responseiegsponse of communication systems with high
delay, there will be low correlation between measured input and output sigriasARTA
it is possible to delayhe acquisition ofthe input channel, so this kind of error can be
eliminated. But, ifwe meaarethe frequency response the highly reverberanenvironment,
it is not possible taompensatéor all possible delays.

Both problems can be eliminated by usingpkeodic noise excitation.

3.3 Dual Channel System with Periodic Noise Excitation

If the excitation is done witN different periodic noisesequences, thigequency responsestimator
canalsobe of the form:

1.\
He(f)zﬁa

I

LN
—

—

This type of averaging is called tlfieequency domain asynchronous averagihgeoreticallyit has
the same power in reduction tife noise and distortionasthe H; estimator, buthe use ofthe H1

estimatoris preferredas itenableaus to monitor the coherence functiontie ARTA we refer to both
methodsasthefrequencydomain averaging

preaveraging | pﬂuse| preaveraging |

input signal

| 1 | 1 | 1 | | 2 | 2 | 2 | PHM noise

FFT block FFT block

tput
I 3 sona

delay

Figure 34 lllustration of the signal generation and acquisitiontive frequencydomain asynchronous
averaging process

Forthecorrect implementation, two conditions must be met:

9 Start of the acquisition must be aftitie preaveraging cycle that is necegstr reach the
steady state response.

1 After every acquired blockhe signal generation must be stopped, tminew PN sequence
generated.

1 The length ofan FFT block must be equal tihe length of the generated periodic noise
sequence. Thiguarantieghat generated and acquired signals are always correlated, so there
will beno bias due to the input/output delay.
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This method ofthe excitation - with the interrupted periodic noise- is the best choice for
measurements ofie frequency responsa commuricationsystems thaare voice activated and haae
time-variant signal processing (automatic gain control and noise reductibe)interrupted noise
kees the communication channel ian "active" state, while measurements are takera small
interval oftime to assuréhe system stacionarity.

If the excitation is done with a single periodic sequence, repe&tieaes (Fig 3.5) the estimator can
be of the form:

J0=8 vl }0=Ax0 Am=YX 1
=1 i=1 X(£)Xx (f)

This type of averaging is called ttieme domain synchronous aeging This estimator reduces the
system random noise, but it can't reduce nonlinear distortionthasthtionary noise that is periodic
within the excitation period.

praavaraging | measurament
inpul signal
I I | | | [ | PN noise
FFT block FFT block FFT khlack FFT Block
output
| I I I | signal

delay

Figure 3.5lllustration of the signalgeneration and acquisitiauringthe time domain synchronous
averaging process

The gquality of the frequency response estimation is noise dependent as follows:

1. The noise influence is high at frequencies ng@; where we miss the excitation energy,
which is filtered witha D/A smoothing filter The problem is solved ithe ARTA by digital
filtering the estimated impulse response at frequency lower than converter's antialiasing filter
cut-off frequency.

2. The noise influence is also high at extremely low frequencies, as system is AC coupled. This
implies that soundcards with very low aff frequency have to be used.

In acoustical measuremetbte period of thanultisinemust be greater thahereverberation time

Teo. The following reasoning can approvésttequirement. The room acoustical respe has the
bandwidth of resonance peaks equal toTgg2lf we choose thahefrequency difference between two
multisine component is less than half of this value, to allow build up of all room resonances, we can
conclude that period of thgeriodic nase have to be equal or greater ththareverberation time. Also,

it follows that length of the preaveraging cycle must be greater or equal to the reverberation time.
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3.4 Single Channel System for Frequency Response Estimation

In a single channel sy&n, only the output signal froenD.U.T is measuredExcitation signal is not
measured aheinput ofaD.U.T, rather it is assumed bethe known signad that is generateith the
computer memagt. Block schematiof the measurement systeisishown inFig. 3.6.

DIA filter noise A/D filter
I

g— D H {(+) 4

-

D.UT

Figure 3.6Block schematiof the single channel measurement sys{@ni digital to analog
converter A-analogto digital converter, § generatedliscretesigna)

The estimated frequency responidg is theratio ofthe crossspectrumyG* andthe autaspectrum
GG~

o a—

In thebest case, i.e. with no noise preseard get

H.(f)=H(f)A(f)D(f)

We see thathe estimated frequency response is always biased with transfer funefigviD and D/A
convertes. It is nota bad thing, as might be concluded at filstcausehis way we gethegood S/N
ratio at extreme low and high frequendj@#D and D/A converters filters out spectrum at low
frequencies and ne&f2). This is especially important if we use cheap soundt¢hatmight havea
highthelow frequency cubff.

Theoretically theaveraging techniqgyuérom adual channetsystemcan be applietb asingle channel
system, but due to limitation tfie Windows sound driver, which does not kdélb@synchronicity
betweenthe signalplaybackand recording, onlythetime domain synchronous averagiran be
applied. Thephase response cabe estimated witAnabsolute accuracy.

To conclude:
Thesingle channel system iecommendedsa measurement systewhen we us¢helow quality
soundcards It is suitablefor the measuremertf thefrequency responseagnitude but it does

not givetheaccurate absolute phase response.

If we want to useéhe microphone channel ehe soundcargdthen we can only applysingle
channel system, abemicrophone inpubn all soundcards monophonic.



ARTA User Manual

4 Real-time Frequency Response Measurement

4.1 User Interface for Real-Time Measurement of Frequency
Response

Thereaktime measurement diiefrequency response can cantroled fromtwo windows:

Dual channel frequency response window
Single channel frequency responseaddw

Both windows havéhe same form otheuser interfacewith following functional differences

1. In asingle channel modthe excitation sigal have to behe periodic noise, while ira dual
channel mod¢heexcitation signal can aldzethecontinuous noise.

2. In asingle channel mode only the magnitudeta frequency response is shown, whileain
dual channel modtne phase response atttecoherence function can also be shown

Measurements are controlled by menu commands, djatmgbar iconsKig. 4.1) andacontrol bar
(Fig. 4.2).

Cogpy to Measurement Start Start Spectrum Audio Ganerator
clipboard modes recording genarator sealing devicas satup

! | A

Co 7 |Inp|Frz FRa Sea [ @ [ @ |7 | =0 =m

1 P Pt 1

Background Stop Stop Measurement FR Wiew time
colar BAW recording genarator sefup  compensation record

Figure 4.1 Frequency response windewoolbar icons

Gen [Pirk nise | FsiHz) [45000 =] FFT [16384 =] Delay(ms)[0.000 Awg [None | | Reset|

Figure 4.2 Frequency response winddwcontrol bar

Control bar has following controls:

Gen - chooseshe generator signal type

Fs (Hz) - chooseghe samling frequency

FFT - chooseghe number of samples in an FFT block

Delay (ms) - entesthe delay in the measured systamddonly in a dual channahode)
Avg - choosedhe averaging type (None, linear, exponential)

Reset - resetthe averaging

To makeareaktime measuremertf thefrequency respons&ollowing stepsare required
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1. Enterthesingle or dual channel frequency response windowl connedhe measuring system as
shown in chapter 1.

2. Activatethe'Audio device ®tup' dialog boxby clicking themenuSetup->Audio devicesor by
clicking thetoolbar icon =¥ . Use this dialog box toseup sourdcardl/O parameterghevoltage
probe gainthe power amplifier gain (only for 1:Ch mode) athek microphone sensitivity (if youse
themicrophone).

3. Activatethe'Signal generator setupdialogbox by clicking the menuGenerator->Configure or

by clicking thetoolbar icon=2 . Use this dialog boxto choosethetype of excitation signal (white
noise, pink noise, PN white, PN pinlt a single channehode onlythe periodic noise excitation (PN
white or PN pink) is allowed. Ifgu usethe PN pink excitation setthelow-frequency cubff. Also,
setthe soundcarautput volumeNote: choice ofthe generator type is usualtloneusing the control
bar.

4. Activatethe'Frequency ResponseM easurementSetup' dialog boxby clicking the menuSetup
>Measurementor by clicking thetoolbar icon ™% . Thisdialog boxis shownin Fig. 4.3.

Frequency Response Measurement Setup 5[

—FFT resolution —Measurement config

FFT size I 32758 4 I Prefered input channel  |Left 4
Window ILIniﬁ:urm "I Propagation delay I ol
Sampling rate IqBDDI:I 'I Invert Phaze of input channel [

—Averaging —Multisine averaging
Type ILinear 'I Generate preaveraging cyde ¥
Max averages I 1000 Frequency domain averaging v

—In two channel mode show

v Ph v Coh I
M Phase I Coherence Default Cancel | QK

Figure 4.3 Dialog box for thefrequencyesponseneasuremensetup
Dialog box for themeasurement setup is used as foltows

FFT resolution section
FFT size - choossthenumber of samples ianFFT block
Sampling Ratel choossthe sampling frequency in Hz
Window T choosedhessignal window (usednly with the continuous noise anexternal excitation)

Averaging section:
Typei choosesheaveraging type (None, linear, exponential)
Max averagesi entesthe maximumnumber of averaging

Measurement configsection:
Preferred input channeli chooseghe soundcardnput channel used to measaB.U.T output
Propagation delayi entesthedelay inthe measuredystem fiot used irm 1Ch mode)
Invert Phase of input channel- checkboxto changehe polarity of input signal
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Multisine averaging section:
Preaveraging - checkboxto activatethe preaveraging cycle (generallyis check boxshouldbe
checked always
Frequency domainaveragingi checkboxto usethe frequency domaimaveraging(not used irm1Ch
mode).
In two channel mode showi chooseshe plot setup fora dual channel modéMagnitude, Magnituce + Phase
andMagnituce + Coherene or Magnitude + Phase + Coherepck a single channel mode a magnitude
response iplottedonly.
Phasé checkto enable FR phase plot.
Coherencei check to enable FR coherence plot.

5. Activatethe'Frequency response graplsetup dialog boxby clicking themenuSetup->Graph
setupor by clicking themouse inthe plot area. Thiglialog boxis shownin Fig. 4.4. Usethis dialog
boxto adjug (1) dynamic range shown, (2) frequency range shown and (3) frequency axis resolution.

Frequency Response Graph Setup 5[

— Dpnamic range [dB]——— —Freq. range [Hz] Frequency axiz

Graph top I'1 oo High IEDDDD Type IL':'EI j
Graph range |1 on L Smoothing |1£3 octave j

Fit to graph top | i all

g

‘

Preszsure unitz Iu:IB re 20uPa /£ j

Drefault | |Ipdate | Cancel I k. |

Figure 4.4 Frequencyrespons@raphsetup
Controls in this dialodgpox are:

Dynamic rangesection
Graph top (dB) 1 entesthelevel in dBfor thetop graph magin.
Graph range (dB)i entesthegraph magnitude range
Fit graph top - setsthe Top (dB) value fronthe current graph maximum magnitude.

Freq. range (Hz)section:
High i entesthehighest frequency shown (in Hz)
Low i entesthelowest frequencghown (in Hz)
View All T this button sets Low and Higlequenciesoto enablethe view of all DFT spectrum
components.

Frequency axissection:
Type - Four types of the frequency axis resolution are available:
Linear i linearfrequency axis
Logarithmi ¢ - logarithmic frequency axis
Octave smoothingi logarithmically swepictave bands,
Octave bandsi discreteoctave bands
Smoothing- ses the smoothing resolution td/n-octave, where n can be: 1,2,3,6,9,12 and 24.
Thesmoothing filter has charactdits oftheclass | IEC filter (six pole bandpass Butterworth filter).
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6. Finally, youstartthe measurement bglicking menuRecorder->Run or by clicking tothe toolbar
icon

During measuremesityou can us¢he Control Bar to chang¢he averagingype, reset averaging,
changethe sampling frequencyand changéhetype of excitation signal arehFFT size.You can
also change any plot parameters (dynamic range, frequency range and axis) by attte/&3iregph
setup dialog box(click menuSetup->Graph setup or click right mousebuttonin the plot area).
Usefulshortcuts to change the tgmph magnitude margin are keys "Up" and "Down" antbuse
scroll wheel. They "move plot up and down".

7.You can stop measuremeniny timeby clicking the menu Recorder->stop, or by clicking the

toolbaricon ™ . The neasurement duration dependstioatype of averaging. lanaveraging is not
used, measuremerdrerepeated untilheuser stop therecording. If averaging is used, measurement
stop wherthe maxmum number of averagingyclesis reached or whetihe user abodtherecording.

4.2 Dynamic Range in Frequency Response Measurements

In the followingexamplejt will be shownhow to checlavailabledynamic rangevhile measuing the
frequency response Fr; and k, modes.

Start in lir; mode.Connect soundcaiid loopback modéleft and right channeBind set:
Generator type : Pink PN
Geneator level :0dB
FFT : 32768
Averaging: None

Start recording of left channel. You will get picture of loopbiiekiuency response as in figure 4.5.

_loix

File Owerlay Edit View Recorder Generator Setup Tools Mode Help
o7 |Imp FRe|Fra Sea [ e @ (0 B (7 N | =0 m = &2

Gen [PNpnk  »| FstHa) [4s000 x| FFT [32783 ¥] Delayms)[0.000 Avg [lnear ¥] Reset

Top
FR Magnitude dB ViV Left Awvg -
20.0
A -
15.0 R
10.0 1 Fit
. Range

h o
o o
Iili

-10.0
5.0 set
20.0 FrHigh
250 o
-30.0

10 100 1000 10000 FrLow
Curzor:  2.5Hz -261dB Frequency(Hz) jj
Ready [L:-100.0dB  [R:-100.0dB | Frequency response 1Ch 4

Figure 45 Frequency response Terratec EWX 24/96 in loopback mode
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Now disconnecleft inputchanneland measure respond®hat you measure now isnaisefloor of
theinput channelMakea measuremenwithouttheaveraging angavemeasured curve aserlay
(menu commané&ile->Set as overlay. Then repeat measurement with averagii@Q

In both cases set the Frequency axi§iaquency Response Graph Setupo Octave smoothed
with resolution1/3 octaveé

You will get thenoise floor curve as in Figure 418ote thatabsolute level ohoise floor actually
gives ughe maximal dynamic range that can be obtained widtoundcard

What we see is that averaging redacmise floor and increasedynamic rangebut notequallyat all
frequencies.

] FR Magnitude dB ViV (143 oct) Left Awg:100

=D

90,0 pr=—i— ST e Sl

x.\\ ol i S R P P P P o o i
-105.0

WM

100 1000 10000
Cursor:  20.2 Hz, -91.80 dB Frequency{Hz)

Figure 4.6 Dynamic range in FR1 mode feoundcar&eWX 24/96, without averaging (upper curve)
and with averaging (lower curve).

Now connect the right channel in loopback mode and repeat the measurement in ERZmecd# the
&requency domain averaging mo d e Frequendy iRespodse Measurement Setdp di al og.
You will get almost perfectly flat frequency response and a dynamic range asisHéigure4.7.

] FR Magnitude dB ViV (143 oct) Left/Right Awg:100
A
R
-15.0
T
-30.0 A
450
£80.0
-75.0 —
-‘_'_'_'_._,_:—'_'_'_'_'_'_'-'.:—'_'—'_'_'_'_'_'_F
200 "“”““W ==
W
slesd -‘MM
-120.0
100 1000 10000
Cursor:  20.2 Hz, -103.18 dB Frequency{Hz)

Figure 4.7 Dynamic rangén FR2 moddor soundcardeWX 24/96 without averaging (upper curve)
and with averaging (lower curve)
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We see that Frequency domain averagm@R2 modegivesslightly larger dynamic rangdhan FR1
mode This gain in dynamic rangeill be more pronounced when measuring systemsetkfabit
nonlinear distortions.

Theaveraging enables measurements with large dynamic range, but only if we use high quality
soundcardTheFigure 4.8shows comparison of noifieor for two souncardsliitel integrated audio
andvery high quality soundystem RME Fireface 8Q0During measurementsoth cards were in 16
bit mode buthedifference in dynamic range i30-50dB.

0 FR Magnitude dB VWV (1/3 oct) Left Avg 11
A
R
-20.0 T
A
-40.0
-£0.0
el LT
-80.0 a e =
-100.0
T
1200 —=Fras e el
-140.0
10 100 1000 10000
Curzor: 2025 Hz, -79.26 dB Frequency(Hz)

Figure 4.8 Dynamic range in FR1 mode without averaging for Intel Integrated audio (upper curve)
andRME FirefaceB00 (lower curvg.

Note: Preceding exampleshow 1/3-octave smoothed curves. The smoothing| of
frequency response curve is done in different whgn smoothing of spectrun
magnitude The ARTA uses approach to first interpolate and avefegguencyresponse
on logfrequency axis, then makes smoothing by comimg that response with responge
of bandpass-pole Butterworth filter.

—

4.3 FR overlays
In the Frequency response windows the following menu commands are for ¢venkyipulations:

Overlay
Set overlay - sescurrent FR as overlay
Deleteoverlay - removes overlay
Load overlay - loads FR overlay file
Save overlay- savesFR in overlay file
Generate target response generateoverlay with response of standard crossover filters
Load target respon®i loadstarget response from ASCII file
Delete target responsé removestarget curve
Set overlay - sescurrent FR as overlay
Show difference from overlayi switches to show the difference of magnitfiden the overlay level

Herewe deal withthreetypes of overlag.

The first type can be set frotime currently ploted curve usinghe commandOverlay->Set overlay'

or load from disk by usinthecommandOverlay->Load overlay'. It can be shown only one overlay
of this type.This type of overlagan besaval to disk usingthe commandOverlay->Saveoverlay'.
Names of overlay files hae anextension.ovf'.
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The second type of overlagreuser defined target filter resposs&€hey can be generated by using
dialog box 'Target Filter response shownin Figure 4.9. It is activated lifie menucommand
'‘Overlay->Generate target response

x
Reference passhand sensitivity: I ¥ [dB]

—Filter type
e Butterworth - I order
¥ Low - pass 02, Variable Q - II order
03. Butterworth - II order
™ High - pass 04, Bessel - IT order
05, Linkwitz - IT order
Band - 06, Butterworth - IIT order
I Band - pass 07, Bessel - I1I arder
) 03. Butterworth - IV order
I™ High-+H.ow - pass 039, Bessel - IV order

10, Linkwitz - IV order
Q-factor I 1 11, Butterworth - V order
12, Bessel - V arder
13, Butterworth - VI order

14, Bessel- VI order
15, Linkwitz - VI order

—Crossover frequencies

500

Lower: S He]

Upper: I 1000 [HI]

Cancel | K I

Figure 4.9 The dialog for generation of an overlay with loudspeaker crossover fittegetesponse

The selection oftarget filter responses is from the eébptimal loudspeaker crossover filter
responsedJser chooses the kind of optimal crossover filter in the right list box and sets
parameters of that filter:

Reference passbhand sensitivityan arbitrary value for loudspeaker passband sensitivity
Filter Type - low-passhigh-passbandpassor cascade of loypass andhigh-pass

Q-factor 1 edit box is forentering the second order filterf@ctor

Crossover frequencies two edit box are for entering crossover lower and upper frequencies

The third type boverlays are user defined arbitrary responses loaded from an ASCII file (by menu
command'Overlay->Load target respons8g.

The content should Hermatted in well known.frd format:

* a leading star may be used to denote optional comment
* frequenc y magnitude (dB)

1000 32
1020 33
1040 34

Optionally, third colon may contathevalue of phase.
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