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1 Introduction

The ARTA is a program for impulse response measurementjmesaspectrum analysis aneat
time measurement of the frequency response.dtteol for acoustical measurements and "point to
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 nodie, pe
pink noise, MLS, linear and logarithmic swegte.

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 wdige and periodic pink
noise.

Spectrum, octave 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 level meter and third octave analyzer

Note: Mode 2 and 3 can also be 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 analyzef.

©CONOUTAWNE

Gated frequency response,

Smoothed frequenaesponse (in 1foctave bands)
Step response,

Impulse response envelope (ETCurve),

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

. Room a&oustical parameters

. Speech intelligibility measures: MTF, STI, RASTI, %AL

. Loudspeaker directivity pattern
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1.1 Requirements

Requirements to use the ARTA are:

=a =4 —a -9

Operating system&Vindows2000/ XP / Vista

Processor class Pentidihor better, clock frequency600 MHz or higher, memory55MB
Full duplex soundcard with synchronous clock for AD and DA converters

High quality video card

The ARTA has beensedsuccessfully with following soundcards:

=4 =4 -8 4 _98_8_4a_9_2_-24._-2_-2-

RME Fireface 800RME Fireface400, RME DIGI96, RME HDSP
Duran Audio DAudio, EMU 1616m,EMU 0404 USB

Echo Gina24Echo AudioFire 4Echo Layla 24, Echo Indigo
M-audio Audiophile 2496 irewire SoloUSB Transit, Delta 44,
Terratec EWX 24/96, Firewire FW X24

YAMAHA GOA46

Digigram VxPocket 440 a noebook PCMCIA card

TASCAM US-122- USB audio

ESI Quatafire 610,U24 USB and Waveterminal,
SoundblasteX-Fi

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

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

f
f

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

The inst#lation of this software 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 exension "PIR" are registered to be opened with ARTAhey contain the data of the
periodic impulse response (PIB) signal time recordResults of other types of measurements
(frequency response and spectrum) magédeed in ASCII formatted file, or asoverlay 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.
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1.2 Measurement Setup

In this documentwe refer tofollowing measurement sgps:

Dual channel measurement setup
Single channel measurement setup
Semi dual channel measurement setup
Loopback forsoundcardesting

PO

A general measurement setup for system testisigae/nin Fig. 1.1. 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 tvannelsdup,
onlyaD.U.T. output voltage isecorded In a semi dual channel setthgeright 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 1.1 General measurement
setup for system response testing
(D.U.T = device under test)

Left input

Setups fomcoustical measuremersre shown in figures 1.2, 1.3, 1.4 and 1.5.

W parver amplifier

microphone
Left out %ﬂ

loudspeaker
soundcard voltage probe o

i Figure 1.2Dual channel

measurement setup for
acoustical measurement

Right input

preamplifier

To protect the soundcard input from high voltage that is generated by the power amplifier, it is
recommended to use a voltage probe circuit, as shown in Fiy/dlugs of resistors R1 and R2ve
to be chosen for arbitrary attenuation (i.e. R1=8200 and R2=910 ohms gives prot2®vvdis

(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 1.3Voltage probe with
soundcard input channel
overload protection

Figure 1.4Single channel
measurement setup for acousti
measuremest

Figure 1.5Semidual channel
measurement setup for
acoustical measurement

Figure 1.6 Loopback setup for
soundcard testing
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The ARTA is also targeted for "poitd-point” testing of audio quality in communication systems.
Figure 1.7 shars 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 shown in Fig. 1.8.

The ARTA can measure frequency and impulse response, distortions of sksmdvemdnultitone

signals, estimate delays, echoes and speech transmission index. A special measurement technique,
with an interrupted noise excitation, is applied to circumvent-tiar&nt behavior of these systems
(automatic gain control, noise reduction, wactivation).

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 1.7 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 1.8Interface fronthe sourdcard I/O tothe standard phone line (POTS)
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1.3 A First Touch

When you start the ARTA you will see theogram window ashownin Figure 1.9. Thisvindow is
calledimpulse response windadimp window) It will be primaryused to show an impulse response,
also it will be used to show the time recorccapturedsignals.

[& untitled - Arta o] x|
File Owerlay Edit Wiew Record Analysis Setup Tools Mode Help
| a7 [[1wp Fre Fee Sea | v | =0 wm | [ (0 | (590 (055 28 G50 A2 | 0¥ @
FFT Im Window Im Delay for phase estimation {ms) IW Get | Zero | Inv | Maxx |
Marker
Impulse response (N Zoom 1:1 R EI D_eII
1.44 $
1.08 A || A Offset
0.72 METE
0.36 Gain
0.00 A Max
-0.35 L Min
-0.72 Zoom
-1.08 N =
144 «| Min
0.00 202 408 £.10 815 ms Seroll
Cursor: 0.000 nV, 0.000ms (0} LI_'I
Ready [L:-100.0d8  |R:-100.0dB | Impulse Response v

Figure 1.9Impulse response window

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

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

The measurement modeaybe chognalsoby clicking following toolbar icons:

EI- Dual channel frequency response measurement window
ERJI - Single channel frequency response measurement window
Sed - Spectrum analyzer window

E— Impulse responseSignal recordingvindow

Now click these menus or toolbar icons to see how the measurement windows are working.
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[ :
| 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 1.10Dualchannel frequency response windol#k, (the single channel frequency 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 1.11Spectrum analyzer window

1C
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The Inpulse response window is most important for a system response analysishdt déBcribeih
more detail aftewe show how to analyze the spectrum and the system frequency response.

1.4 Hardware Setup

Before you start measuring you have to setup pauwlware and audio devices by clicking thenu

Setup->AudioDevicesor by clicking the toolbar icor=%. You will get the dalog box for the audio
devices setup shown in the Fig. 1.12.

Audio Devices Setup x|

—Sound card
Input Device | EWX 24/96 Wave Analog =]
Output Device I Bl 24798 Wave Analog j
WaveFormat & 1Bkt O 24bit O 32 hit Extensible v

— 10 Amplifier nterface
Lineln 5enzitivity I LineQut Sensitivity I
[ peak - left ch) 273243 [mYpeak - left ch) 2910
Ext. left preamp gain I 1 L/R channel diff. [dB) I 0
Ext. right preamp gain I 0.0923 Fower amplifier gain I 1

— Mizrophone

[T Microphone Uzed On ILeft Ch vI S enzitivity [ma/Pa) I a8

Save setup | Load setup | Cancel | )4 I

Figure 1.12Dialog box for audio devices setup

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

In sectionSound Card:
Input Device - choosedhe soundcard as an input device.
Output Device - choosedhe soundcard as an output device. Generadigrchooss the same card as input
and output déce (not needed in Dual Channel Fourier Analyzer or Spectrum Analyzer modes).
Wave format - choosed 6 bit, 24 bit or 32 bit Windows wave format. ARTA uses standard Windows
sound drivers (WMME on 98 and WDHExtensible format on XBr Vistg). You cantry to usedifferent
modes, bukeep in mindhat 32bit mode does not work with many soundcattlss recommended to use
24-bit or 32bit modes only if you have a very high quality sounddardny soundcard are declared as 24
bit, but their real bitesolutbn is less than 1bits).

In sectionl/O amplifier interface:
Lineln sensitivity - entesthe sensitivity of the line input (i.e. peak voltage in mV that correspond to the
full excitation of the line input)
LineOut sensitivity - entesthe sensitivity 6the left line output (i.e. peak voltage in mV that corresponds
to the full excitation of the line output).

11
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Ext. preamp gain - If you connect a preamplifier or voltage probe to the line inputs you should enter the
gain of the preamplifier or probe attextion in the edit box, otherwise set it to unity gain.

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

The best way to enter these values is to follow 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 dB Ra2tr

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 saved and loaded, by pressing the séteesetup' and Load setup'. The setugfiles
have theextension '.cal’

Before you go on with the program ARTA, secure the following default values.

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

Ed Master ¥olume : ::_-';:' =10 x|
Cptions  Help
bl azter Yolume Wl ave CO Audio Line In Microphone
B alance: Balance: Balance: Balance: Balance:
Walume; Yolume: Wolume: Yolurne: Yolurne:
| |l T L s
[T ute all [ Mute [ Mute ¥ Mute V¥ Mute
Advanced | Advanced |
|Inte||{r]| Inteqgrated Audio

Figure 1.13Typical setup of a soundcard output mixer (you get it from the Control Panel dialog box
'Sound and Audio Devices')

Important notice for Windows Vista users:

- It is recommended ndd use the measurement soundcard as a default audio device.

- In aVisa Sound Control panghoth input and output channel's sampling rate and PCM wave format
have to be set to the same value as in ARTA.

12
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1.5 Calibration

The menu comman8etup->Calibrate devicesopens the dialog bd$oundcard and Microphone
Calibration' shown in Fig. 1.14.

X

—Soundcard full scale output (mV) — ~Soundcard full scale input (mv) —— —Microphone sensitivity {mvPa)
1. Connect electronic voltmeter 1. Connect sine generator with 1. Connect microphone an
or scope on left output channel known output vaoltage on
£ to 2V
(set range | Charnel m Channel Left =
2. Generate sinus (400Hz) | 2. Enter voltage (peak or rms) Preamp gain I 10
Output level |-3dB - 300 | ImVrms T
I I J 2. Attach sound calibrator
3. Enter voltmeter (scope) value
3. Estimate Max Input mv | Pressure 94 | dB
I 1000 Iml-' rms j
: Estimated  Current 3. Estimate Mic. Sensitivity |
4, Estimate Max Output my | Left I 1412 I 1412 mv
Estimated Current Right I 141 I 1412 mv Estimated Current
| 2000 | 1412y Diff | 0o | 0 dB | 8.62396 | 8.693% mV/Pa
Accept | bccepk | feceph |
L | - | -0 | -3 | -10 a5
R =0 | & ] ] | 0 | = 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) soundcardhput left and right channels and
(c) microphone calibration.

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

ogkwNE

Connect the electronic voltmeter to the left line output channel.

Press the buttosenerate sire (A00Hz)

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

Press the buttoizstimate Max Output mV*

The estimated value will be shown in the Hestimated.

If you are satisfied with the measurement, press the button ‘Accept’, and the estinoated val
will become the current value of théneOut Sensitivity'.
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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 channtietoundcard 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 soundcardhput is clipping, lower the level of input volume-&dB.

4. Enter the value of signal generator voltage in the edit box. (voltage meter readout from
chapter 1.5.1)

5. Press the buttoistimate Max Input mV'.

6. If you are satisfied with the measurement pthesbhutton '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 the soundcard in loopback
mode. If youwant 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 sound calibrator. Then:

Connect tke 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 measurement, press 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 quality of measurements dependsh@nquality 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 comman&etup>FR compensaton or click on icon®® gets the dialog box "Frequency
Response for Compensation"”, shown in Fig. 1The dialog has a few contrasd 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 and data entered in lines oL itess. 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 the value of phase or
any other text thawill 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" (shown in Fig. 1.15) has content:

microphone mb550
freq(Hz) Magn(dB)
48.280 0.34
48.936 0.28
49.601 0.21

14
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Ei:' Freguency response compensation 5[

Range(dE)

Magnitude dB

. TTTTT T
IR
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T Copy |
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_————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 datéd enables us to see the intelgted 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 frequeny response compenstioghable&lisables fequency 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 &énfsP .
After that command the window picture will be saviethe SystemClipboard,from were theusercan
paste it in other openaffindows applicatioa(MS Word, MS Paint and Adoldeaint 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 toolbar, th&€opy button is showras toolbar icol O

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 that will be appended at the boftom
the graph.

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

3) Bitmap sizeis choserby selecting one of following combo box items:
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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 optias with fixed width give grapbwith the aspect ratio 3:2.

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

Copy to Clipboard with Extended Information El

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

I My u:u:ummenﬂ Frequency compensation is reciprocal to frequency response

Choose bitmap size I Current screen size j Cancel |

Add filename and date ¥

Figure 1.16Dialog box Copy to Clipboard with Extended Information’

0 Magnitude dB 2006-08-18 120731

2.0}
8.0}
4.0t
2.0}
0.0}
20}
40}
&0}
a0}
-10.0

Y TR P Y Ty I D [P I S
Feebedandaabaabadandacbaabhad
[~ r-a~""1="r==r=a~~"1=-"r-=r =1

10
Curzor: 483 Hz, 0.3dB Frequency (Hz)

File: C:ASrchaudio1vWArta105WWMB550-B.mic
My comment. Freguency compensation is reciprocal to frequency response

Figure 1.17 Copy of the graph, that is shown in the Figuré1The extended information shovie
namedate, time and user defined text
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2 Spectrum analyzer

The spectrum analyzer of ARTA is implemented as atiew FFT based spectrum analyzer. A built
in gererator provides the following signals: sine, two sine, multitone, white noise, pink noise, periodic
white noise (PN white), periodic pink noise (PN pink) and periodic speech noise (PN speech).

Working with the spectrum analyzer will be explained throlnghsoundcard testing procedure.
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.

Signal Generator Setup x|

Sine generator ———————————— [~ Two sine generator
| Freql Freq2 M
Freguency (Hz) 1000 p redq req agn
Defl  [13krz 4Hz  [1:1
Peak Level (dB F3) I -1 _I?
@ Def2  [250Hz BkHz |4:1
RMS Voltage: 0,891V
™ User 13000| 20000 1 :1
Dither Level I 16-bit "I I I I
—Signal generator type ——————  —Multitone and noise generator
Spectrum s -] Pesklevel @BFS) [0 =
mode Multitone

FR. mode IpN pirk vI FM Fink cut off I 20 ISpEEu:h range j
Default | Cancel | oK I

Figure 2.1 The dialog box for the signal generator setup

This dialog box has following controls:

Signal generator typesection has two combo boxes:
Spectrum modecombo box sets current generator type for spectrum analysis:
sine, two sine (for internaulation testing)jitter test,multitone, continuous white noise, continuous pink
noise, and periodic noise with white, pink and speech spectrum (PN white, PN pink, PN speech).
FR modecombo box sets current generator type for frequency response nezasnts:
continuous white noise, continuous pink noise, periodic noise with white, pink and speech spectrum (PN
white, PN pink, PN speech).

Notel: PN (periodic noise) is a periodic, noifiee signal with a controlled spectrum level and a randomehas
The periodic noise and multitone belonging to the class of multisine signals (to be explained later).

Note 2: Jitter test signal iasine signal witha frequency equal t&/4 of the sampling rate, and withLSB bit
toggled witha frequency equal t@/192 of the sampling rate.
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Sine generatorsection:
Frequency- entes the frequency of sine signal in Hz
Peak Level- chooseshe outpuipeaklevel re full scalgpeaklevel (0dB to-90dB).
RMS voltage- shows voltage valueof line output channel (falirated system)
Dither Level - choosesNone, 16bit, 18bit or 20bit

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 - sesf1=100Hz, f2=8kHz, amplitude ratio 1:4

User - entestwo sine frequencies and the amplitude ratio

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

Mult itone and noisegeneator section:
Output volume - chooseshe output level re full scale level in range 0dB50dB.
PN Pink cut off - entesthe low frequency cubff in Hz, for the periodic pink noise.
Multitone - choosedhe type of multitone signgWideband, Speech range, ITU_T O.81, Low decade,
High decade).

Now choose:
Spectrum mode generatotype: sine
Frequency. 1000Hz
Peak level -3dB
Dither level 16 bit.

4. Using the dialog bar choose:

Gen [Sine =] FsiHa) [4s000 =] FFT [16388 v| wid [Kaser | Avg [None ¥| | Reset|

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

FFT: 16384 (number of samples in FFT analysis frame)
Wnd: Kaiser5 (signal window to suppressakage 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 yotes(1) the
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 sodeard input 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?},3107
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 heinput 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 sBt (
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 Mgz).

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.
Multitone TD+N - check toshowtotal distortion + noisé TD+N) in multitone response testing

Normalize with full power i checkto get THD normalized with signal power inding 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 defined in SMPTE, DIN, CCIF and IEC
standards.

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

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

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

Slowly increase the volume of the line input cdinnel (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 -
e £ T Wy ]MN\WI'I
304 100
Cursar; 999.0 Hz, -2.95 dB Fregquencyi{Hz)
RMS= -2.7 dBFS THE =0.0011% THD+M =0.0050%

Figure 2.4 Spectrum of 1 kHz sine gerator 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 value at the cursor position (frequency and magnitude),
RMS level and distortions. The cursodimwn 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 usable 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 signal and an FFT size.
You can change any plot parameters (dynamic range, frequency range afrdmxisilog box

'Spectrum graph setup'(you get it by clicking the menBetup-> Graph setupor by clicking right

2C
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mouse button in the plot area). The easiest way to adjust graph margins is by using Right Control bar.
Functions of bar buttons are explained-igure 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 is equal té-Hie 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 calculated using the FFT algorithm. It gives spectral components as complex values at
discrete frequeries

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:

Scalingmode 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)

Power 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 erabled in dialog boXAudio device setup,

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

5. The spectrum plot shows levels of spectral magnitudes agriapd.

Note: A DFT spectrum is defined at discrete sefrefluencies, 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 ARTA, a{graph gives better visual insight of spectral magnitudes.

The bottom of Fig. 2 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, befospdwrum 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 percentage of the square root of ratio of power
sum of higher harmonic$if,H3,..) to thepower of fundamental signal harmonid.().

HI+HZ+.+H’
2 32 (%)

1

THD= 100\/

An alternative definitions frequentlyused:

2 2 2
HZ+H2+..+H?

%
HZ+HZ+HZ2+..+H’ 0)

THD= 100\/

In a denominator a full distorted signal power is u3dnis definition isclosest to the value of
harmonic digtrtions that are measured &galog instrumentationis low noise systems. In a
system with a high noise a better quality measure,TisiR+N.

I THD+N 71 total harmonic distortion plus noi$edefined as percentage of the square root of
ratio of power sunof higher harmonics and the noise power tottial signalpowerthat 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 frequencyhe RMS value of signal and signal with notched fundamental
harmonic are measuréasome predefined frequency band, usually from some low frequency
cutoff (10, 20 or 100 Hz) tahehigh-frequency cubff (22, 30 or 80kHz). ARTA does not
useahigh frequency limiting. It isautomaticallydone bythe antialiasing filter ofan inputAD
converter.The low frequency cubff canbe set bytheuser.

Note: If there is no signal at the card input, tHeMS 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 power averaging 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 the average 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 spectral magnitudg¥, of M input sequences are obtained by
summing power spectrum with equadight 1M.

mi2_ 1 ..

‘Yk ‘ “mva

M i 2

izl‘ k‘

1 Exponential averagingi is usually used for monitoring of slow varying spectra. It
emphasizes recent events, smoothes out high frequency variations and reveaisriong

trends. The ARTA uses a smoothing filter whichgimtes a lowpass, first order analog filter
with a time constant:

[ =ade o+ - @)

The constanta is equal tol fs/( Tfs+1). In ARTA, Tis predefined as 10 acquisition time
of a single sequence.

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

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

You can restrict maximum number of averages in$pectrum analysis setupdialog 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 measurements of system responses with
predefined types of signals that are periodithamanalysis wiow.
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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, a signal window must be applied to suppress "leakage" errors (i.e.
when analyzing the spectruof sine signal these errors give rise to a-kitbe spectrum see Fig.

2.5a). Signal windowing is an operation in which the input sequegnsenultiplied with an equal
length sequence, that is called a signal window. The ARTA offers following signadows:

Uniform, Flattop, Hanning, Blackman3, Blackmaridaises and Kaiser7 They are defined in Table
2.1.

Uniform (rectangular) Wh=1, for 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

(3 Q “’2 EJ
7 - *‘
IO,E\/]_a!Zn N+1|5

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 used in ARTA

When applying the signal window, it is recommended to follow these rules:
9 for conthuous nonperiodic signals (noise) use the Hanning window
9 for measuring harmonic and intermodulation distortions use the Raiséne Blackman4
window, but to get 24it 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 and repeat measurements. Typical results are shown in Fig. 2.6

Spectrum (Lef) Spectrum (Left) Spectrum (Left)
T \ I
Al lat \ il iy .
7 e o Figure 2.6 Spectrum of 1kHz
00 1000 1000 sine signal with applied
a) Uniform b) Hanning c) Fatp windows:
Spectrum {Left Spectrum (Left Spectrum {Lefty
a) Uniform,
b) Hanning,
c) Flattop,
M d) Blackman3,
e) Blackman4,
1 # \\ Aol Ly Al f) Kaiseb

AT AN iy

1000 1000 1000

d) Blackman3 e) Blackman4 f) Kaiser

(Magnitudes shown 20dB/div).
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2.2.3 Spectrum Graph Setup

The menu comman8etup->Graph Setup(or click of right mouse button in the plot ajeapens a
dialog box'Spectrum Graph Setup’ (Fig. 27). Use this ehlog 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 graph setup

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 (in Hz)
View All 7 ses Low and High frequencies to enable the view of all DFT spectrum coemps.

Frequency axissection:

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

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

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

2.2.4 Graph Colors and Grid Style Setup

Graph colorganbe changed in two categories: background and foreground.

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

o0 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. Clicking the left mouse button on a named color rectangle opens the standard
Windows dialog boxColor' shown in Fig.2.9
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Note 1:If the check boxAll overlays with same color'is checked, albverlays will be
plotted with same color.

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

Color Setup X|

Graph background RSN overlayl |

Graph border | Overlay2 |

Flot pen1 = Overlays |

Plot pen2 e overlays [

SR — overlays [
; Overlays [

Grid color ]

) overlay7 [N
SubGrid color | Overlays I
Cursor colar I Overlays [
Marker color | Overlay1o [N
Target Overlay color I Overlay1l [

Overlay1z [N
Dottedgraphgrid [ Overlay13 |
—
all overlays with same color [~ Overlay14
overlayls NN
| Default I Cancel | DK |

Color Setup x|

Graph background | overlayl [N
Graph border I Overlay2
Plot pen1 I overlzays NN
Plot pen2 I overlay4 NN
Plot pen3 I Overlays  [TRDDN
) overlays [N
Grid color R

} overlay7 [N
SubGrid color () Overlays
Cursor color I Overlayy NN
Marker color | Overlayio I
Target Overlay color NN Overlay1l I
Overlay1z [
Dotted graphigrid [ overlay1z [
]

All overlays with same color [ Overlay14
overlayls N

Default | Cancel I K

Figure 2.8Dialog boxes for graph color setup a) for black background and b) for white background
color
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Define Cugtomn Colars > "
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E I Cancel |

Figure 2.9 Stancrd Windows color picker

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 impulssponsand coherence function.

The buttonDefault' restores default colors.

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 compnents. It depends on (1) sampling frequerigy (2) 'FFT size' and (3) applied 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 frequencie§ = 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 the ARTA.

window effective bandwidth side lobe suppressio
UNIFORM 1.0 13dB

HANNING 15 31.5dB
BLACKMANS3 | 1.7268 66 dB

BLACKMAN4 | 2.0044 94 dB

KAISER5 2.2183 130 dB

KAISERY 2.6849 160 dB

FLATTOP 3.7703 73.6 dB

Table 2.2Characteristics oARTA signal windows

In octave band analyzers the power spectrum is measured at some frdgmeadsequency band

that has &onstant relative bandwidth.In a 1/noctave filter, the relative bandwidth is equal to
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1 1
%:(2%_ 2 Zn)
fi

For examplethe 1/3octave filter has bandwidth 23% of the cahfrequency.

Cental frequencie®f 1/n octave bandare determined by the expression:

1 1
n

fo=2"f ., fk—1:2_

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| 40.0f 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 1/1octave band frequencies)

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

spectral powersfdFT bins that are inside Hactave frequency band. Two methods of summing are
implementedasillustratedin Fig. 2.10, anddefined as follows:

band-pass hand-pass

R §

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

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

28



ARTA User Manual

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

2. Power output of gole Butterworth bandpass filtérFirst, the power spectrum is weighted
with a squared magnitude of a bandpass filter response. Fhsresimated as a sum of
power spectral components between frequencies where the filter resp@@EBisThis
process is illustrated in Figure 2.10@dditionally, it is required that at least three DFT
spectral components contribute to that band. This rexaueint means that the bandwidth of a
1/n-octave band must be greater than double the DFT resolution bandwidth, which gives that
the lowest frequency of artbctave band is:

L of 1

lowest N 1 1

(2 -2%)

f

For example, for a sampling frequerisy= 48000Hz ad the number of samplé&-16384, the
lowest frequency of DFT spectra is equal to 2.93Hz, the lowesicid¥e band is 25Hz and
the lowest 1/1ctave band is 100Hz.

The first method is preferred methiéot the high resolution analysisut if the usewants to get the
response as close as possible to responses-otthve analog filtergr close to the response of
psychoeacoustical critical band filter¢he second method gives better result

The power spectral densityof thek-th band issqual toPy /( fax- f1i).
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2.4 RMS Level

The RMS signal level is shown at the graph left 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 dialog box has a section 'PovW¥eighting’, where usethoosedo apply, to input signal,

one of IEC 60651 standard weighting filters (type A, B or C). Appropriately, the levéhinimz
appended with the text (A), (B) or (CT.he frequency response of these 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 constar equal to the duration of one FFT block (examples are
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 frequencies 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 clickj the menuRecorder->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

el A A A A |
RN IWANANI AN WA R

A TRYIVATRVILIAVENRY =C
VoV VY VY e

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 redrle denotes thmarker position.

User sets the cursor positiby pressing and draggirigeleft 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 cursor position (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 m the right pane serve as commandSdmll the signal plot, t&Zoom plot in 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 usexdrawn signal samplesvaximal zooms defined with ratio 8:1,
normal zooms defined with ratio 1:1 anchinimal zooms defined with ratio In, wherem=signal
length/graph width in pixels.

Zoom commands:
Up - increases the zoomatio.
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Down - decreasethe zoonratio.
Min - setsminimal zoom ratio (to show almost all signal samples)
Max - sets maximal zoom ratityy following these rules
1 If marker is set, then aflamplesetween the cursor and the mariéi be shown with
maximum possible zoom rat
1 If the marker igurnedoff, the plot is zomed to ratio 1:1 with cursor 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 gaiadtor.
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 theédft.
Right 7 scrolisthe plot to the right

The Channel' combo box shows 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 scroll the plot right

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

Del to set cursor position tg 0
Ctrl+Del to removemarker

Ctrl+Ins to setmarkeron cursor position,

Shortcut keys are active if graph window has 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.
Double-clicking of the left mouse button in the time axis area toggles the time/sample position
labeling.

Menucommandsre:

File
Export ASCIl - saves time and amplitude data in textual file
Info - opens message box that slsdhe signal RMS value and atefactor
If themarker is set, the RMS value is determinecttier gatedart 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 following random excitation 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) - use Uniform 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 analyzeruse the pink spectrum excitation for an octiaard or an

octavesmoothed 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 RM&BMVIf we use
the white spectrum excitation, then an octave band or an estavething 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 lerused
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.

Figure 2.130ctavesmoothed spectral density 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 measuremeritsthe averaging mode set to Linear, after 20 averages we will get the
spectrum shown in Fig. 2.14. The ripple is lowered 1aB. By using 10@&veragesthe ripple can be
lowered to° 0.2dB.



