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Foreword

This handbook has been written to assist first-time users of the ARTA family of speaker measurement
programs, and is intended to be used in conjunction with the original user manuals issued with the
software. Y ou can find these, together with other user information and application notes, on the
ARTA website http://www.artalabs.hr/

While every effort is made to keep the handbook up to date, the ARTA programs are nevertheless
under constant development. Thus, you may occasionally come across illustrations or examplesin the
Handbook that differ slightly from the version of ARTA, STEPS and LIMP that you may be running.
Thisis unavoidable, but in the very large majority of cases will not cause significant problems. We
ask for your patience and understanding, and welcome any comments or suggestions for
improvement.

With the growth of ARTA, STEPS and LIMP, and in light of comments received, the original
Handbook which was published as a single document has, as of Version 2.4, been split into three, with
each program having its own dedicated volume.

Please note a so that this Handbook in English is atrandation of the German original. We have tried
as far as possible to update and amend all figures and tables; where German continues to appear in
this trandation because it has not been possible to amend figures, etc. without obscuring detail,
English trandlations are given in the figure legend.

The programs of the ARTA family currently include ARTA, STEPS and LIMP, as mentioned above.
The tasks carried out by these programs are as follows:

0 ARTA —Measurement of impulse response, transfer functions and real-time analyzer

Steps

kit STEPS — Transfer functions, distortion measurements, linearity measurements

Q ‘ L IMP — Impedance measurement and determination of Thiele-Small parameters

Note that some of the methods described in these handbooks are suitable for DIY use only. We realise
that most DI'Y speaker designers do not have access to professional measuring equipment and
facilities. The methods described here, if followed correctly, should therefore give good and reliable
results, more than sufficient for the home builder.
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1. First stepswith ARTA
1.1. Setup

To usethe ARTA suite of programs you will need:

e  Operating system: Windows 98/M E/2000/X P/VISTA/Windows 7/Windows 8;
e  Processor: Pentium 400MHz or higher, memory 128k;
e Soundcard: full duplex.

Installation is very simple. Copy the files to a directory and unzip them. That'sit! All registry entries
are automatically saved at first start-up.

1.2. Equipment

Thefollowing isabrief summary of the equipment required accompanied by some basic directions
and cross-referenced to more detailed information elsewhere.

-----

w

'l Microphone
preamp | () o,

| - ==

L s

Microphone

USB soundcard |

Soundcard
There are three types of soundcard:

e Standard onboard soundcard, found typically on a computer motherboard,;
e Plug-in cardsfor PCI or ISA bus,
e Soundcards connected viaUSB or firewire.

Cards vary according to type of use, quality and connectivity. For standard connections and cables see
section 1.3.

Standard soundcards use a stereo cable and 3.5mm jack sockets (Figure 1.1). Semi-pro, high-quality
soundcards usually have RCA jacks and unbalanced connectors (Figure 1.2). Professional soundcards
have 6.3mm stereo jacks for balanced connection, 6.3mm mono jacks for unbalanced connections and
XLR connectors for balanced microphone inputs (Figure 1.3).
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Standard stereo soundcards have three channels (1, 2, 3), while 5 + 1 surround sound systems have
three more ports (4, 5, 6) on the motherboard. One of the outputs is designed for use with headphones
with 32 Ohm nominal impedance. For soundcard testing a loopback connection from line-in (blue) to
line-out (green) is made using a stereo cable with 3.5mm jack plugs. The line-in input impedance of
most PC soundcards is between 10 and 20 kOhms.

4 5 %2

—} 1 1. Line-infAUX input, stereo (blue)
2. Line-out — headphones/front speaker, stereo (green)
3. Mic In —microphone input, mono (pink)

4. Out — centre and subwoofer (orange)
5. Out — rear speakers, stereo (black)

ﬁ:.: E; 6. Out — side speakers, stereo (grey)

G 3

Figure 1.1 Audio connections on a PC motherboard for a 5+1 surround sound system

L aptops and notebooks usually carry only a stereo headphone output and a mono microphone input.
This configuration is severely limiting for measurement purposes because the mono input channel
does not permit dual channel use or impedance measurements.

)

—_—

h

RCA RCA 9-pin connector
inputs outputs to breakout box

Figure 1.2 PCI card with RCA connectors (e.g. M-Audio Audiophile 24/96)

Examples of plug-in cardsinclude the Basic Terratec 24/96 or the M-Audio Audiophile 24/96.
Typicaly, these cards each have separate input and output RCA connectors with left (white) and right
(red) channels.

Figure 1.3 shows a professional high quality soundcard with firewire port. On the front there are two
XLR microphone inputs. Thisinput isacombo jack (the centre of the XLR socket can accept a
6.3mm plug) and serves as an instrument input with impedance between 470 kOhms and 1 MOhm.
Both inputs have a volume control.
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" (TERRATEC'ES> PRODUCER) FHHEE Xay v ]
GAIN 1 48y Gain 2 a8 PEAD#HDNE
CHAMNNEL 1 CHAMMEL 2

(TErrATECED PRODUCER) PHASE X24Y ™ ‘
. . . 24 Bit / 1592 kHz Extended Audio System

ANALOG DESIGN N COORERATION WITH Er:IL

INFUT INSERT MRIN MONITOR 1N DIGITAL OUT % FIREWIRE -7‘ ] MIDI DUt 12VAL

Figure 1.3 Professional soundcard system with firewire interface

Microphone inputs can be switched to phantom power, which gives power supply of 48V to pins 2
and 3 of the XLR microphone connector. There is also a master volume control for adjusting output
level and input monitor level. Finally, there is a headphone volume control and a headphone stereo
TSR connector. On the back panel, there are two balanced inputs, two balanced outputs, SPDIF
optical connectors and two firewire connectors.

Up to now ARTA has been used successfully with afollowing soundcards:

RME Fireface 800, RME Fireface 400, RME DIGI96, RME HDSP
Duran Audio D-Audio, EMU 1616m, EMU 0404 USB, EMU Tracker
Echo Gina24, Echo AudioFire 4, Echo Layla 24, Echo Indigo
M-audio Audiophile 2496, Firewire Solo, USB Transit, Delta 44,
Terratec EWX 24/96, Firewire FW X24

YAMAHA G046, Sound Devices USBPre2

Digigram VxPocket 440 - a notebook PCMCIA card

TASCAM US-122 - USB audio

ESI Quatafire 610, Juli, U24 USB and Waveterminal

Soundblaster X-Fi, Infrasonic Quartet

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

ARTA may be used with a dlight loss of performance with the following soundcards:

Soundblaster MP3+ USB (note: don't install SB driver, use a Windows XP default driver)
Soundcards and on-board audio with AC97 codecs.

Further information on soundcards that can be used with ARTA can be found at the homepage
http://www.artal abs.hr/. See also Mller (1) and section 2.1.
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Amplifier

A power amplifier with linear frequency response and power 5-10 watts is adequate. The output
impedance should be <0.05 Ohms. Do not use an amplifier with a bridge amplifier virtual ground:
this may damage your soundcard. Check the manufacturer's specifications before first useif in any
doubt. An inexpensive solution that meets the above requirements and is small and easily portableis
the Thomann t.amp PM40C (see also section 5.4).

Microphone

Affordable measurement microphones are avail able, but whatever model is used, it must be
omnidirectiona (Figure 1.4) with alinear frequency response. Inexpensive options such asthe
Ditscty patten Behringer ECM 8000 with frequency response

00 o

o compensation are suitable for loudspeaker
et design.
e

e When the microphone is to be used at higher
output levels or to measure distortion, amore
expensive model may be required.

M edium-priced recommendations (€150-€300)
include the Beyerdynamic MM 1 and the Audix

TM-1 (see dso section 5.2.1 and the STEPS
T=4000Hz, Q= 1.07, Di= 0.3 B, Angle(-BiE) = 360.0° Handbook)

Audix TM1

Figure 1.4 Polar radiation of the Audix TM1

DIY microphones based on the Panasonic WMG61A e ectret capsule provide yet another option. See
the ARTA Hardware and Tools manual (http://www.artalabs.hr/support.htm) for more on this,
including notes on construction.

Microphone preamplifier

Depending on the microphone and/or soundcard, different extras are required. If you have chosen a
soundcard with integrated preamplifier and 48V phantom power, you are ready to go!

If you have a standal one soundcard you will need a separate preamplifier, ideally with phantom
power. The Monacor MPA 102 is recommended because it is currently the only aff ordable model
with stepped (and therefore reproducible) gain control (see Figure 3.5).

If you decide to go down the DIY route, you can use either the soundcard's microphone input (see
also section 1.4) or apreamplifier kit off the internet. Ralf Grafe's website (http://www.mini-cooper-
clubman.de/htmi/hifi_projects.html) has details of several tried and trusted kits, and PCBs may also
be available.

ARTA Measuring Box

The ARTA Measuring Box is not absolutely necessary but can make measurements alot easier (see
Chapter 3 and ARTA Application Note AP1). Both wired and PCB solutions are available
(http://www.mini-cooper-clubman.de/html/hifi_projects.html).
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Cables

Several cables arerequired, al of which should be of good quality. Poor connections, inadequate
shielding, etc. can interfere with measurements. The following will be required:

e Microphone cable (XLR, TRS, RCA, depending on microphone and preamplifier — see aso
Figure 1.6);

e Soundcard cable (Measuring Box);

e Amplifier cable (Measuring Box);

e  Speaker cable (1.5-2.5mm?).

Keep dl cables as short as possible.

Other useful equipment

e Loopback cable (to cdibrate the soundcard; see chapter 4).
e Voltage divider (for level adjustment; see chapter 5).

e Y-cable (for semi-dual channel measurement; see chapter 2).

e Block connectors and aligator clips (for temporary connections).

Multimeter (DM M)

A good multimeter is essential for the calibration of measuring equipment (and is also generally
useful). If you do not have one already, you should ideally select atrue RMS meter. A widerangeis
available, with many suitable devices on sale for under € 100.

If you aready have aDMM or are considering a cheaper device that is not categorised as described
above, you should carry out the following test before using it for calibration and measurements.

20%
. . ——M4650B
a Connect your multimeter to the left line —VC920 TRMS

output of the soundcard and set the 1% 1" 50Hz=100%
measuring range to 2 volts AC.

10%

b. Openthesigna generator in STEPS
(Setup —Measurementsor £5),

Abweichung in %
2
=

/ .r"’"“——‘

0% o

c. Measure the output voltage of the
soundcard at different frequencies from .
20Hz to 1000Hz and record the values. 10 100 1000

FinHz 10000

Figure 1.5 Multimeter comparison
Plot the values measured at each frequency (either absolute or relative). Figure 1.5 showsresultsfor a
good average meter and for a True RM S device. Up to around 1000Hz, variation with frequency is

within 2-3%. Thus, the deviceis suitable for calibration of ARTA using preset values (500Hz) (see
also section 5.1.1).
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1.3. Pin assignment for cables and connectors

Unbalanced

o oA

| Balanced

[k Mo

ar [k s

ak L4+

= |—

il

' = J/—

STEREO JACK

Sleeve: earth (GROUND/SHIELD)
Tip: +

Ring: —

XLR

Pin 1: earth (GROUND/ SHIELD)
Pin2: +

Pin3: —

Figure 1.6 Cable pin assignment

For arange of ready-made cables, see 'Cable Guy' at the Thomann homepage (www.thomann.de).

alle

Lange wiahlen

CORDIALY @

SOUND & ALING ECUAPAMENT

" Cinchstecker

KLR-Stecker male (3-pol)
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1.4. Measurement setup

The measurement setups presented here are:

Single channel measurement
Semi dual channel measurement
Dual channel measurement
Impedance measurement setup
Loopback for soundcard testing
Voltage probe setup

The soundcard |eft line output channel is used as asignal generator output. The left line input is used
for recording a DUT output voltage and theright line input is used for recording a DUT input voltage.
In asingle channel setup, only aDUT output voltage is recorded. In a semi dual channel setup the
right line input is used to measure the right line output voltage. In aloopback setup, the left line
output is connected to the left line input and the right line output is connected to the right line inpuit.

Acoustic measurements

Single channél measur ement

m power amglifier A single signal from the DUT is detected.
micreghone  Soundcard and amplifier artefacts are
Left out 4>l>—ﬂ<] included in the measurement as they cannot
be compensated for.
soundeard loudspeaker

Right input

1y

preamplifier
Semi dual channé measur ement
W 1 power amplifier Theright channel serves as a partia
. microphane  reference, compensating for soundcard
Left out ~:—~I>—H<I artefacts.
soundcard E loudspeaker
Right input :
Left input g
preamplifier
Dual channd measurement
| Rightout | power amplifier Soundcard and amplifier artefacts are
microphane  compensated (see aso the ARTA
Left out —Dﬂ measurement box in Chapter 3).
soundcard voltage probe loudspeaker
Right input ﬁ:}f
Left input |
preamplifier
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I mpedance measur ements
left out rL> —
Power 27 ohm
amplifier
rightin -Ei[::::}_______
Voitage probe
left in iif::::]

R=100
ohm

il
[

rightin

il

left in

& g
g gs 8
& » &

Testing and calibration

(oo }--

soundcard

[ ——

Fight input

Soundcard protection

Loudspeaker

Loudspeaker

-0

R1
Power
Amplifier
Output Zener
41

2

v
A

ARTA - Handbook

I mpedance measur ement with a power
amplifier
See also ARTA measurement box in Chapter 3.

Headphone impedance measurement -
soundcard output

Note that headphone outputs on soundcards are
not usually designed for connection to low
impedance |oads.

Soundcard loopback setup

Each output is connected to the corresponding
lineinput. Thisisused for soundcard testing (see
also Chapter 4)

Voltage probe with soundcard input
channel overload protection

Sound
é’ :rr:, The probe shown provides 20dB attenuation
lnput  When R1 = 8k2 and R2 = 910, assuming that

0

the soundcard's input impedance is 10kQ.
Note that this protection circuit is built into
the ARTA measurement box (Chapter 3).
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2. Quick setup with ARTA

Understandably, you may want to start using ARTA straight away. This section is therefore provided
to address various issues related to the setting up of the measurement system, single channel
frequency response measurement and impedance measurement. Further and more detailed
explanations can be found in the respective chapters dedicated to these subjects.

Mixer adjustment

The most common mistake made during a quick setup is the overdriving of the soundcard. To avoid
this, ensure that your audio devices and sounds are adjusted appropriately (access via Control
Panel/Windows Mixer, depending on your operating system).

The following shows the setup for Windows XP (n.b. example in German).

E- Systemsteuerung E”E”zl
Datei  Bearbeiten  Ansicht  Favoriten  Extras 7 5‘.’

'\;) Zuric -\.__;j L?’ ):\' Suchen lll_-: Crdner v

Adresse D‘ Systemsteuerung v| Wechseln zu

-

Graphics -~

A

E."" Systemsteuerung

4 i
9 © : @
E} Zur Kategorieansicht wechseln -
M-Audio Transit LSB Maus Metzwerkinstallatio... Metzwerkverbindun. ..
Fia H
a;',,’*‘ 0 ;g
=

Siehe auch

&

& Windows Update

: Crdneroptionen PerSono Reagions- und Scanner und Kameras
@) Hilfe und Support Sprachoptionen
7 O
= = g
Schriftarten sicherheitscenter Software
Sprachein-fausgabe  Symantec LiveUpdate Swstem Taskleiste und
Startrneni
Tastatur Telefon- und Tragbare Werwalbung

Modemoptionen Medienger ke

@

£

‘Windows-Firewall

Andert das Soundschema des Computers oder kanfiguriert die Einstellungen fir die Lautsprecher und
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Eigenschaften

0 Sume BED

Eigenschaften von Sounds und Audiogerate

s Optionen ¢
s . . Linstalamhin ragreki b
| Lautstarke | Sounds Audio Stimme | Hardw Summe Wave Line-n
Soundwiedergabe = C L Blerce Balance:
) ddain | ¥ 1 , -}
@ Standardgerat: a"""5 et U A
[ Crystal WDM Audio ’:""’:\:"“""”W Latstarke: Lautstarke: Lautstarke:
] Wawe J |
]l Lautstarke. .. |” Enweitert. . [ag- ~ max
oy b
Soundaufnahme A sl =
w [ Tonaus ] Ton aus [¥] Tori aus
Standardgerat:
i [ % —aus
/d-: Crystal WDM Audio SO
= B Figenschalten il B Aufnahme E]f E]
b s . pbonen 2
Lauistake rogein b
MIDI-Musikwiedergabe Wiegugate Slaeediie Hisoicn Loein
g Bl Balance: Balance: Balance:
% Standardgerst: g ey = A i B [t O
[ Microsoft G5 Wavetable SW Synth | AL 7
- — ) - Sl Uit e Lautstarke: Lautstarke: Lautstirke:
[ Loutstake.. || Info...
) ) | -~ min -
[ Mur Standardgerdte verwenden |
Ll .
[ oK ] [ bt ] . - [ uswihien ] s [y
) (o] Cryetal WDM Sudio aktiv

Basically, the screen shots show that the line-in recording mixers should be enabled; the recording
volume should be set amost to minimum; the output mixer line-in should be disabled; and the mixer
output volume should be set almost to maximum. Note that the playback and recording levels should
be set similarly in Windows Vista/7/8; the mixers for these operating systems are easier to access and
adjust than the X P mixer.

L oopback testing

We are now almost ready for the first measurement with ARTA. Connect the inputs and outputs of
your soundcard as shown in the loopback measurement diagram in Section 1.4. The types of cable
required (RCA, TRS, etc.) will depend on the soundcard.

Refer to Section 4.2 onwards for information on matching input and output levels, and for
ascertaining the quality of your soundcard.

Having carried out the loopback measurement for setting the mixer and testing your soundcard, you
will probably want to measure the frequency response of your speakers. For this you will need a
measurement microphone. If your soundcard can provide a supply voltage to power the microphone
you can work with asimple DIY electret — check the specification of the soundcard to ascertain
whether thiswill be possible.

Itisvery easy to make a measurement microphone: see the ARTA Hardware and Tools guide for
details.
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Power Amp

With the minimum equipment for acoustic measurements (computer with onboard soundcard, power
amplifier, measurement microphone) and the above basic settings you can now perform your first
measurements.

Easy test setup for impedance measurement with LIMP

For impedance measurements, onboard soundcards are not usualy suitable (see also Section 4.1). If
you have a soundcard with stereo Line In and a headphone output, use the headphone output test setup
shown above. Y ou will need a 100 Ohm reference resistor and some shielded cable.

In the absence of a headphone output, use the following: depending on whether the input jack on your
soundcard is RCA or 3.5mm (for example), take a proprietary cable and cut off the end that is not
required. You will also need a banana plug, a socket, a27 Ohm (5W) resistor, and two reference
resistors of 8.2 Ohm and 1.0 Ohm (0.25W). Assembly is as shown below.

Soundcard | Sensor
]
I
'
I
I
l

N I
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Three further settings are required before proceeding further. The reference channel must be set to
'Right" under 'Measurement Config' in the 'Measurement Setup’ menu, and the reference resistor value
set (e.g. to 27 Ohms). The exact value of the resistor should be known and should be in the range 10—

47 Ohms.

i~ Meazurement config

Feference channel iFiight -

Fieterence Resistor

Before measuring, adjust the output level in the 'Generator Setup' menu so that the input channels are

not clipping.
Generator Setup @

Gener ator

Type Yirik: P v] Sine freq. (Hz) 1000
Output level |-12dB = | Pink cut-off (Hz) 20

Input level monitor

L | i) | =50 | -3 | -0 B
R 50 | &0 | -0 | B | tlb

Tesk Cancel ‘ | o4 |

Cdlibrate the system using the 'Calibrate Input Channels' menu. Connect the output of the signal
generator (Line Out) to the left and right channel inputs of the soundcard, perform the calibration
(‘'Calibrate) and exit by clicking on 'OK".

Calibrate Input Channels

[~iGenerate | Calibrate . Skatus-
Seq. length Ii Connect |eft gnd right input Mok calibrated!
channel to signal generator

I
Sampling rate L5000 SEhpEEs

Mumber of averages

Cukput wolume (dBY |-12dE v] 1 j

GEEnerake | Zalibrate | IIncalibrate |
Input Level Manitar
Cancel
L | 10 I 50 | 30 I -0 B

R E=1] ] 0 | -0 | ] | i

Y ou can read more about impedance measurement and Thiele-Small parametersin the LIMP
Handbook.
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3. The ARTA measurement box

The ARTA measurement box is recommended to simplify measurements with ARTA, STEPS and
LIMP. It is designed for impedance and two-channel frequency response measurements, and
eliminates the need for cumbersome test leads.

See Figures 3.1 t0 3.3 and ARTA Application Note 1 and the ARTA Hardware & Tools Manual (2).
Note that use of the measurement box with the optional resistor separating the power amplifier and
the soundcard eliminates the risk of ground loops between the soundcard output and input.

Figure 3.2 Interior (conventional wired version left, PCB version right).
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the power amplifier and the soundcard can be separated using an optional 1 kOhm

resistor (R6).

warning — do not use a bridged amplifier with virtual ground.

the inputs of the soundcard are protected by Zener diodes. The power amplifier is
protected as specified by the manufacturer. Do not exceed the manufacturer's stated

nominal impedance.

Figure 3.3 Schematic of the ARTA measurement box.

Note: The measurement box is not necessary for single channel measurements. When such

measurements are performed, however, the microphone input should be calibrated.
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3.1. Two-channdl calibrated measurementswith the ARTA measur ement box

For calibrated frequency response measurements with ARTA and STEPS in dual channel mode, you
should enter gain values for both input channels (External preamp gain). Note that the default
programming defines the right input channel of the soundcard as the reference channel while the left
channel is used as the measurement channel.

The ARTA measurement box is designed to be suitable for most users. If you need to adapt it for your
own specia requirements, some calculations will be required. This section shows you how to use the
standard measurement box settings, how to adjust them if necessary, and how to calculate the Ext
Preamp Gain valuesto be used in Audio Devices Setup.

Matching the measurement box to the power amplifier (linein, right)
Theresistors R1, R2 form, together with the input impedance ZIN of the soundcard, a voltage divider
k, defined by:

k= (R2 I Z|N) / (Rl +R21 Z|N) where (R2 I Z|N) =R2* Z|N /(R2 + Z|N).

The maximum voltage that the power amplifier can send to the line in right channel of the soundcard
is:

Vuax = S[VOIt RMS] /k
where S = input sensitivity of the soundcard (see also Section 5.1).

The maximum power that can be used in the measurement is:
Puax = (S[Volt RMS]/K)?/ Zspeaer

With the values chosen for the measurement box for R1 = 8k2, R2 = 910, and assumed standard
valuesfor Z;y = 10k and input sensitivity of the soundcard = 1V, we can calculate the gain in the right
input channel (Ext. right preamp gain; see Figure 3.4).

Right channel = (R21Z;y)/(R1+R21Z;y) = (910110k)/(8k2+(910110k)) = 0.0923
when PMAX = 29W or 14.5W for speakers with nominal impedance 4 or 8 Ohms, respectively.
If your amplifier cannot deliver these power levels or you wish to take measurements using higher
power levels, the voltage divider must be adjusted accordingly. For example, if your amplifier has a

rated output of 56W at 8 Ohms, and you want to take advantage of its full power, you must make the
following modifications to the ARTA measurement box:

k=S[Volt RMS]/\/PMAX*ZSpeaker = 1V/N56W*8 Ohms = 0.0472
When R2 =910 and Z,y = 10K, Rl iscalculated as;
RI=(R21Zy)/k—(R212Zy)=834.1/0.0472-834.1 = 16837 Ohms

Note: the sensitivity of the soundcard is specified in the calibration menu under mvVPEAK. The
adjustment cal culation for the measurement box requires that Veus = Vpea* 0.707
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M atching the measurement box to the microphone preamplifier (Linein left)

For the calculation of the gain of the left channel input (Ext. left preamp gain; Figure 3.4), you will
need the details of your mic preamp.

In the example shown here, values for the Monacor 102 MPA are shown (Figure 3.5):
VMicPreAmp =10 (ZOdB, see bel OW),
output impedance of the mic preamp Zoyr = 100, R5 = 719, Z;y = 10000

L eft channd = VMicPreAmp* Z|N/ (ZOUT + R5 + Z|N) = 10*10000/10819 = 9.243
The value of R5 is calculated as

R5=R1IR2 - Zgyr =819-100 =719

This relationship results from both input channels having the same source impedance.

Audio Devices Setup

Sound card
Input Device | Crvstal WM Audio |
Output Device | Crpstal WDM Audio ~|

W aveFormat o JEbt  24hit 32bit Extensible [

i A0 &mplifier Interface

Linelrn Sensitivity LineOut Sernsitivity |

[ peak - left ch] el [rmYpeak - left ch) 1378
Ext. left prearnp gain 9.243 L/R channel diff. [dB) ||:|-|:|1 BE328
Ext. right preamp gain 00923 Pawer arnplifier gain | 1

Microphone

v Microphone Used On [LeftCh - Senztivity [y /Pa) 95768

Save zetup | Load setup | Cancel ‘ k. |

Figure 3.4 Audio devices setup menu for ARTA and STEPS.

Note: the ARTA calibration menu specifies the expected gain (gain) as an absolute and not a dB
value. It is calculated as: Gain = 10/\(dB level/20).
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Frequenzbereich: . .. ... 20-20000Hz
Verstarkung
MICINPUT:........ 20-70dB, schaltbar
STEREOLINE: ..... 0dB
Eingangsempfindlichkeit
fir 1V am Ausgang: . ... 0,16-100mV, schaltbar
=y E Eingangsimpedanz
A STEREOLINE: . 1ok
3 ") Y P 10
\!) \b' -HEJ ‘!’ Phantomspeisung: . . . .. +24V
PHANTOM  PHASE® LPRKHz Pi’lmkh Ausgangg
PREAMP QUT: ..... 1V/A2V max., 100Q
STEREQLINE: ..... 1V/6V max., 1000
Hochpassfilter: . ....... 100Hz/-3dB, 12dB/0Okt.
Vmicrreamp = 10" (x dB / 20) Tiefpassfiter: ... 12kHz/-3dB, 12dB/OKL.
20dB =10 Storabstand
40 dB = 100 Mic: ... > 66dB
Lines...oooovenntt 80dB
60 dB = 1000 Stromversorgung: . . .. .. 15V~ tiber beiliegenden Ste-

ckertrafo (230V~/50Hz /10 VA)
oder vier 9-V-Blockbatterien

0 FR Magnitude dB re 20uPa/2.83% (smoothed 1/3 oct)

A
0o R
. e N T
T A
A0 Fi / \\ \'\
=20 / / \
-3.0 i\
-4.0 \
l \
-7.0 \
-8.0 \
-9.0
1 10 100 Tk 10k 100k
Cursor: 898.4 Hz, -0.00 dB Frequency {Hz)
Current file: MPATDZ-Lin-A it s 2007-10-20 12:35:37

Overlayfiles; LP 12 kHZ == HF 100 HZ ==
Mikroforworverstarker MPA 102

Figure 3.5. MPA 102 (Monacor) microphone preamplifier. Note that the low-pass filter cut-off (LP
overlay file) comment is not correct: it should read 10.5kHz.
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3.2. Single-channel measurement calibration

If you want to perform calibrated measurements in single channel mode, you must also enter the gain
of the power amplifier (Power amplifier gain).

Audio Devices Setup || x|
~ Sound card
Input Device | GO46(G046 (1) In 1 | |
Output Device  |GO46(GO4E (1) MC Ot =] =]
WaveFormat T 16bit & 24bk 32 bit Extensible v Extensible [

= Ifcr Amplifier Interface
e ey o0ty [ e[ e
Ext. left preamp gain | 92,1349 LR channel diff. {dE} I-U-'35115! = |-D.I35116!
Ext. right preamp gain Im Power amplifier gain I_l H IW

~Microphone

v Microphone Used Cn |LeFt h v| Sensitivity (myiPa) |3?.953? Pa) |3?.953?

Save setup | Load setup i

oK | ] oK |

Figure 3.6. Audio devices setup menu in ARTA and STEPS.

To measure the power amplifier gain, use one of the following two procedures:

1. Takeafrequency response recording in single channel mode. Determine and record the sound
level with the cursor at 1kHz.

2. Repeat in dua channel mode. Determine and record the sound level a 1kHz as before.

3. Determine the difference between the two measurements and cal cul ate the power amplifier
ganas

Power ampllfler galn — 1O(differenceinleve| @ 1kHz)/20)

Note that this approach requires a circuit as shown in Section 1.4 above, or the ARTA Measurement
Box.

e.g. After running FR recordings, the following values were obtained at 1kHz (Figure 3.7): single
channel = 106.21dB; dua channel = 96.25dB. Thus, the difference is 9.96dB and the power amplifier
gain = 1092 = 3,148, After entering this value in the 'Power amplifier gain' field (Figure 3.6),
single and dual channel measurements taken within the limits of error of the soundcard and amplifier
should match.

Note that this procedure must be repeated every time the gain (volume) of the power amplifier is
changed.
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— FR Magnitude dB re 20uPa/2.83V (smoothed 1/3 oct)

1200}

=0

115.0

110.0

Single Ch.
105.0

1000 Diff [dB] — DualCh..

95.0

80.0¢

85.0

80— ———

Power Amplifier Gain = 10 ©™20 |

75.0
100 200 500 1K 2K 5k 10k 20k

Cursor: 999.4 Hz, 96.25 dB Frequency (Hz)
Single vs. Dual-Channel

Figure 3.7. Power amplifier gain: single vs dual channel.

Alternatively, you can use the following slightly more accurate procedure in dual channel mode

(FR2):
1. Connect the left channel input with the selected 1
output channel of the soundcard. Line OUT, R
2. Connect the right input channel viaa voltage G avp
divider with the output of the power amplifier }
(Gawmp)- - Power
3. Enter the absolute value of the voltage divider G Line OUT, L Amp
as 'Ext right preamp gain' (see Figure 3.6).
4. Set the signal generator to 'Periodic Noise'. To SOUND
protect the soundcard reduce the output level to
about -10dB. CARD
5. Measurein FR2 mode and note the amplitude at
1kHz. This measured value corresponds to the Line IN, L
gain of the power amplifier in dB. The power
amplifier gain value to be entered in '‘Audio {
??Flll?ﬁ:eﬁ %%tklilﬁ%/zo) Line IN, R 1}
—7 [
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4. Soundcard setup and testing
4.1. Soundcard setup

Before you start measuring, you must set up your soundcard and hardware. To do this, go 'Setup' and
'Audio Devices Setup' or click the toolbar icon =4 . The dialog box shown in Figure 4.1 will open.

Audio Devices Setup I x|

= Soundcard

Soundcard driver |WDM - windows multimedia driver j

Input channels |Cnnexant HD Audio inpuk j

\Wave Formak

2utput channels |Cnnexant HOr Audio aukput _:I l24-|:uit _:I

—Ii0 Amplifier Interface
sty 1o SRR ] 100
Ext. left preamp gain | 1 L{R charnel diff. (dB) I o
Exk. right preamp gain |_1 Power amplifier gain I_l

~Microphone

v Microphone Used On |LEFI: Ch YI Sensitivity i Pa) I 5

Save setup | Load setup | Zancel | (0] |

Figure 4.1 Audio devices setup menu.
The dialog has the following controls:
Soundcard section —

Soundcard driver - chooses the type of soundcard driver (WDM — windows multimedia driver
or aninstalled ASIO driver).

Input channels - chooses the soundcard input stereo channels. An ASIO driver can have many
channels.

Output Device - chooses the soundcard output stereo channels (the input and output channel s of
asingle soundcard are normally selected (mandatory when in ASIO driver mode).

Control pand button—if aWDM driver is chosen, the Windows 2000/X P or Sound control
panel in VistalWin7 is opened. If an ASIO driver is chosen, this opens the ASIO control panel.
Wave format —in Windows 2000/X P, select Windows wave format: 16 bit, 24 bit, 32 bit or Float
(‘float' = IEEE floating point single precision 32-bit format). Use 24-bit or 32-bit modes when
using a high quality soundcard. Note that many cheaper soundcards are claimed to be 24-bit, but
their true bit resolution is often less than 16 bits). Select 'Float' for Windows Vista/Windows 7.
‘Wave format' has no effect when in ASIO mode, as the bit resolution hasto be setup in the ASIO
control panel.

I/0 Amplifier Interface section —

Linel n sensitivity - specifies the sensitivity of the lineinput (i.e. the peak voltage in mV that
corresponds to the full excitation of the line input).
LineOut sensitivity - the sensitivity of the left line output (i.e. the peak voltage in mV that
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corresponds to the full excitation of the line output).

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

LR channel diff. - entersthe difference between the levels of the left and the right input channels

indB.
Power amplifier gain - the power amplifier voltage gain is needed for calibrated resultsif you
connect the power amplifier to the line output in a single channel setup.

The best way to determine these valuesisto follow the calibration procedure as described in the
next chapter.

Microphone section —

Sensitivity - specifies the sensitivity of the microphone in mV/Pa.

Microphone used - check the box if you use a microphone and want the plot to be scaled in dB
per 20uPa or dB per 1Pa. In addition, select the microphone input channel from the drop-down
menu (the default setting in ARTA isthe left channel; use this setting wherever possible).

Setup data may be saved and loaded using 'Save setup' and 'L oad setup'. The setup files have the
extension .cal'.

n.b. Remember to mute the line and microphone channelsin the output mixer of the soundcard in
order to avoid positive feedback during measurements. | f you use a professional audio soundcard,
switch off any direct or zero latency monitoring on the lineinputs.

4.1.1. Windows 2000/XP WDM driver setup

After selecting the soundcard (Figure 4.2), disable (mute) the line-in and microphone inputsin the
output mixer. In addition, select the input to be used for recording: Line In or Microphone (Mic).

Miver: Canexant HD Audio output Mixer
-~ Lautstarke regeln fiir ~ Lautstarke regeln flir

% ‘wiedergabe 7 wiederoatie

= Buthahme = Aufnahme

= hpdere j 2 findere j
Folgende Lautstarkeregler anzeigen: Folgende Lautstarkeregler anzeigen:

Lautstarkeregelung O co-sudio

W e rikrofan

O s4-Synthesizer O waveausa.-Mix

O co-audia

O Mikiafon-Eingangslautstarke

4] | il

0K | Abbrechen | 0K | Abbrechen |

Figure 4.2 Soundcard input/output channel dialog (in German).
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For a standard PC soundcard, the procedure is as follows:

1)
2)
3)
4)
5
6)

7)

Inthe ARTA Audio device setup dialog click the* Control panel’ button to open the Windows
‘Master Volume' or 'Volume control'.

Click on menu ‘Options->Property’ and select the soundcard channel that will be used for
output (playback), as shown in Figure 4.3.

Mute Line In and Mic channelsin the‘Master Volume' dialog (Figure 4.3).

Set the Master Volume and Wave Out volume to maximum.

Click on menu ‘Option->Property’ and select the soundcard input channel, and enable Line In
and Mic channels in therecording mixer.

Choose Line In or Mic Input. Normally, ARTA uses Line In, to which the external microphone
amplifier should be connected.

Set the Line-in volume control to alower position. Thiswill be set more precisely later.

M=
Optionen ¥
Lautstarkeregehing W ave Sw-Sunthesizer CO-Audio tikroton-Eingangsl:
Balance: Balance: Balance: Balance; Balance:
Il i T T i
Lautztarke: Lautstarke: Lautztarke: Lavtstarke:; Lautstarke:
== = = = Spi Sif
[T Tonaus [~ Tonaus W Tonaus ¥ Tonaus V¥ Tonaus
Erweitert |
iCu:unexant HD Audio autput

Figure 4.3 Typica soundcard output mixer settings in Windows XP.

I x4
Optionen 2
Ch-Audio kil rafan Waveasg,-hix
Balance: Balance: Balance:
Lautgtarke: Lautstarke: Lautztarke:
[ Auswahlen v Auzwahlen [ Auswahlen
iCDnexant HE &udio input

Figure 4.4 Typica input mixer settings in Windows XP (German).

n.b. Most professional soundcards have their own software for input and output channel adjustment,
or have their own hardware to control input monitoring, together with input and output volume
controls.
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4.1.2. Vista/lWindows 7 WDM driver setup

Microsoft has changed its approach to the control of sound devicesin VistalWin7. The operating
system (sometimes in conjunction with the control software for professional soundcards) is now
responsible for setting the soundcard native sampling rate and bit resolution. The OS changes the
native resolution to the floating point format for high quality mixing and ultimately for sample rate
conversion.

ARTA users should therefore select the ‘ Float’ resolution setting and set the sampling rate to the
native format. Access to these values is gained via the “Windows sound control panel’, in‘Control
Panel’ and ‘ Audio Device Setup’.

When accessed, the Vista/Win7 control panel has four tabs (Figure 4.5). 'Playback’ and 'Recor ding'
must both be adjusted:

@sound 2]
Playback |Remrding I Sounds I Communications I

Select a playback device below to modify its settings:

= Speakers
GO46 Audio Device
Ready

Digital Output
g 5046 Audio Device

‘4 Speakers
' B SoundMAX Integrated Digital HD Audio
@ Default Device
SPDIF Interface
g SoundMAX Integrated Digital HD Audio

Ready

Configure | SetDefau|i |ﬂ Properties I
oK | Cancel | Bpply, |

Figure 4.5 Vista sound control panel.

1) Select the playback channel (do not use the measurement channel as a default audio
channel).

2) Click on‘Properties to open the sound propertiesdialog for that channel.

3) Click onthe‘Levels tab to open the output mixer (Figure 4.6). Mute the Line In and
Mic channels, if they are shown.

4) Click on the * Advanced' tab to set the channel resolution and a sample rate (Figure 4.7).

5) Repeat 1 to 4 above for the recording channel; choose the same sampling rate as for the
playback channel.
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i-I Speakers Properties

‘General | Custom  Levels | System Effects | Advanced |

I~ Speakers

J— 23 ﬂ Baiancel

~Line In
! 0 I‘G’ Balance |
=T
~ Microphone

J 0 IE Batancel

_J— I—B ﬂl B—aiancel

J— |—23 ﬂ Bafancel

"CD Player

ARTA - Handbook

x|

OK I Cancel

Apply

Figure 4.6 Playback channel properties— output levels.

&) Speakers Properties

General | Custom | Levels | System Effects Advanced |

~ Default Format

Select the sample rate and bit depth to be used when running
in shared mode,

16 bit, 48000 Hz (DVD Guality] P Test |

 Exclusive Mode

¥ Allow applications to take exclusive control of this device

W Give exclusive mode applications priority

Hestore Brefaults

xI

oK I Cancel

Apply

Figure 4.7 Setting the native bit resolution and sampleratein Vista.

Note that many drivers are unstable in Windows 7, in which case an AS O driver should be used if

available.
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4.1.3. ASIO driver setup

ASIO drivers are decoupled from the operating system. They have their own control panel for native
resolution and memory buffer size adjustment. The buffer is used for the transfer of sampled data
from the driver to the user program. The ASIO control panel is opened by clicking ‘ Control Panel’ in
the ARTA *Audio Device Setup’ didog (Figure 4.8).

Audio Devices Setup x|

—5ound card
Soundcard driver  |ASIO GO i
| —I Conkral Panel
Input channels; |1 Iz LI i Re

Qutput channels: |1 Iz j Flavback |

WOM Format:  © 16hit ™ 24bit  32hit  Float

Figure 4.8 ASIO audio devices setup.

|ASIO E-MU Tracker Pre | = G044,/G046 ASID

@l Asio Latency

-~ Preferences 17.6ms

' DK |
Buffer Size: |2EI mz 'l
Eanie | Buffer: 1536 Samples
|32-bit v|

Bit Depth:

[~ Per&pplication Prefersnces

CAMNCEL

SsE-MU

Figure 4.9 Adjusting resolution and buffer sizein ASIO.

For music applications, the buffer size is usually set as small as possible while retaining stability in
order to yield the lowest input/output latency (system-introduced delay).

In ARTA, latency is not the main problem, because it is encountered in software anyway, but the
choice of buffer with size exceeding 2048 samples or smaller than 256 samples is not recommended.
Some ASIO control panels express the buffer size in samples, while others use time in msec. When
the latter is used, the buffer size in samples can be calculated as follows:

buffer size [samples] = buffer sizelmsec] * sample rate[kHz]/number of channels
Some ASIO drivers allow buffer sizes (in samples) that are a power of 2 (256, 512, 1024, €tc.), in
which case ARTA adjusts the buffer size automatically.

ARTA aways works with two input and two output channels, treating them as stereo left and right.
As ASIO supports multichannel devices, the user has to choose the pair of channels to be used in the
ARTA 'Audio Device Setup' dialog (i.e. 1/2, 3/4, etc.).
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4.2. Testing the soundcard
The easiest way to test the quality of the soundcard isin the Spectrum analyzer mode.

Oy » | Imep Frz FR1|5P|’-‘||.’ .- l|’n?c|m||=¢|-|ﬂ

Click on the SPA symbol as shown in the above toolbar. Connect the line inputs of the soundcard to
the signal outputs (loopback connection - an example is shown below).

leftin |

rightin |

right out

| laft out I

soundcard

Loopback Kabel z.B. Pollin Audio Verbindungskabel Stereo, 3,5 mm
Klinkenstecker auf 3,5 mm Klinkenstecker. Lédnge 0,3 m. Best.Nr. 560 824

Click Generator->Setup or click the toolbar icon . You will get the following dialog. Enter the
values shown in the red box.

Signal Generator Setup @

~ Sine generator . Two sine generator
Frequency (Hz) I 1000 G . il - freq? y Magn
* Defl  [1kHz  f2aHz  [1:1
Dihter Level [16bit ] C User /19000 20000 |1 1
— Signal generator type 1 1 Multisine generator-
Spectum  [gjne v Output volume (dB) ] 0 'l
mode | J _ Multitone
FRmode [PNpink | Pink cutoff (Hz)  [20 [wideband |
Default I 0K |
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Now enter the values shown below in the toolbar.

Gen |Sine ~| FsHz) [48000 ~| FFT [16384 | Wnd |Kaissr  «| Avg [Mone ~| | Reset

Or select 'Setup Spectrum Analysis from the menu ('Setup’, then 'Measurement”).

Spectrum Analysis Setup

i~ Input channel 1 FFT rezolution

Laft 71 FFT size 16354 "']
Window 1 F.aizerh -
Sampling rate 1 48000 - ]

—Averaging

Type Mane -

Maw averages |32
Liefauilt | Cancel | k. |

Choose the left input channel, then prepare the Windows sound mixer - enable the line-input channdl;
mute the line-in channel in the output mixer; set the line-out volume at maximum, and set the line-in
volume at alow level.

Use 'Setup', 'Spectrum Scaling' or : Piec - (or right click in the graph title areq) to get the spectrum
scaling dialog. Use thisto set magnitude scaling, power weighting and distortion measures.

x
— Scaling — Power
@ dBFS O devi(SPL) ¢ PSD
B ‘wieighting INu:une TI
Waollage units dBf -
Pressure Units IdE re 20 uPa vi Show RMS Level
— Diigtortion
Drefault
v THD Marmalize with full power [ —
W THD+M Low cut-off [Hz] |20 Update |
[ IMD 2nd and 3rd order IMDE T Cancel
[ Multtone TO+H Frequency weighting [ ITI

Check THD, THD+N, and Show RMS Level. Start recording by clicking the toolbar icon > (or via
menu 'Recorder'->'Run'). Y ou should get a response like the one shown below. This figure can be
copied using the copy/paste operation (menu Edit->Copy).

Slowly increase the volume of the line-in channel using the soundcard mixer until the peak level is
closeto -3dB FS.
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[& Untitled - Arta
Ele Cverlay Edt Yew Recorder Generstor Sstup Mods Help
i r Imp Frz FR1!Spn = @B (P @ F M == mm [ 8

Gen |Sne =| FoHz) (40000 | FFT (18388 =| Wnd[KsieS =] Avg [Mome =] | Resel

Top
5 Spectrum magnitude dBFS N Left Avgd il
A -
W .

o P @
Range

-40.0 ii

800 =
~B0.0 1 Fritigh
L] | *
Frilow

R

20 50 100 200 S00 1k Fid il 10k 20k

Cursor. 205 Hz, -124.32dB Frequency(Hzy
‘ AMS= -33dBFS THD=000081% THD=N=00052%
Roady L3308 [R:-3.388 | Spectrum Anabyzer

Freguency and amplitude values at the cursor position are displayed under the chart with RMS, THD
and THD + N. The cursor itself is shown as athin line and can be moved using the |eft mouse button
or the arrow keys left or right.

Note that you can reset the type of averaging, the sampling frequency, the type of excitation signal
and the FFT length during measurements via the control bar.
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Spectrum magnitude dBFS

Left Avg:0

(R}

=200

oo

-40.0

-60.0

-80.0

-100.0

4200 /\/ﬂ\ o a

P

-140.0 100

Cursor. 41.0Hz -126.01 dB
RMS= -1.4dBFS THD=0.0021% THD+M=0.0063%

10000
Frequency(Hz)

M-Audio Transit
THD + N = 0,0069%

Left Avg:0

Spectrum magnitude dBFS
oa

=200

-40.0

600

800

1000 v Wy \/U

-1200

-140.0 e

Cursor:  20.5 Hz, -55.53 dB
RMS = -5.0 dBFS THD =0.0312% THD+M =0.1845%

4000

10000
Frequency(Hz)

Resaltek AC97 Audio
THD + N = 0,1845%

Spectrurn magnitude dBFS

Left Avg:0

0.0

-200

T

-40.0

-60.0

-a00

-100.0 /WJW%ﬂJfMﬁ”

-120.0

-1400
100

Cursor: 205Hz, -99.97 dB
REMS= -3.2dBFS THD=0.0272% THD+N=0.0858%

1000

10000
FrequencyiHz)

Onboard Karte Intel
THD + N = 0,0858%
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What do these resultstell us about the utility of the soundcard under test? Asageneral rule:

THD+N <0.1% = usable soundcard.
THD+N <0.01% = good soundcard.

To check the frequency response of the soundcard, use impul se measurements (IMP):

G P | Imr Frz Fri|Spa | 2 Peec | 9 | =0 mm | =] BE5

Use the single point mode (click ® and make sure the dual channel measurement checkbox is
empty).

Impulse response measurement Fg_d

Feriodic Noise ] Sweep] MLS ]

Periodic noize generator- Fecorder
Sequence length m v] Prefered input channel | Left L]
Sampling rate [Hz] | 48000 v] Dual channel measurement made [
Time constant: B32 67 mz Irevert Phaze of input channel [

Moise spechrim Pink :I' Mumnber of averages 11
Cutput wolume [dB] 1-3 v] S T g =

Fink. cutaff [Hz] 50 Filter dual channel impulze response [

Gererate | Fecord |

L | -0 | -0 | -3 | -3 B
R I = I -0 | =0 I Tk Drefault
OK | Abbrechen |

Check by clicking on 'Generate' whether the soundcard line-in is being overdriven. The levels are
shown in the peak level meter.

L | w1 | w1 -d d
R = I < 1 - 1 @ | I

If levels enter the red or yellow zones, reduce the output volume until the bar is entirely green. Click
'Record' and wait for the measurement to compl ete (i.e. until the peak level meter shows no sound).
Click 'OK", and you should see something that resembles the following impul se.
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(& Untitled - Arta

Eile Edit Wwiew FRecord Analysis Setup Tools Mode Help
[ ealw [[Ine Fi2 Fei Sea | B [[—o | mm | 22 @9 07 G5 £ B2 2T 0¥ | @2

FFT|32?BB w | Window |Uniform w | Delay for phase eshimation [me] {0,000 GetJ £Bio Iree

Impulse response (MY Hlarker
A Set Del‘
R
110,260 T
A -
badas] 2 Offzet
| MNul
55,125 T
27.863 L
G « | Max
0.000 - % ol
-27 863
200
55125 - 2| 4l
32683 | | hax
-110.250 S croll
crol
1|
0.00 227 454 5.83 9.0 m=
Curzor - 186785 nV,  0.000 m= (0}
Ready [Li5.7d8  [Ri5.7dE | Irr;p'ul'se Res'pcni'u'sé

FR
Click on the frequency responseicon ““== in the toolbar to see the frequency response of your
soundcard.

E Smoothed frequency response (Untitled)

Eile Edit Wiew 3Smoothing Owerlay
Top
. 2l
. FR Magnitude dB % (smoothed 1/24 oct) = _Fi
A _] Range
o 4
-5.0 T j St
A Smoothing
-10.0
1424 =
-14.0
20— = — _‘|
-ESD E/Eiii..i i I T B 1 R R e B | i F 17107100
-35.0
-40.0
-45.0
500 L 1]
1 10 100 1000 10000
Cursar 1.5 Hz, -29.01 dB Frequency (Hz)

If your sound card is of good quality, you should see a straight line. However, note the resol ution of
your measurement chart. Y ou can change the settings of the chart by clicking 'Fit' to automatically
find the upper limit of the Y -axis, or you can manually search using the two arrows on the left next to
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the 'Fit' button. The measurement range can be adjusted in the same way by using the two arrow
buttons to the left of '‘Range’. If you click on 'Set’, the following menu appears.

i~ Magnitude [dB] i~ Phaze [deg]
Magr top |_g|:| Ph bap
tagn range 15EI Fh range
Frequency range [Hz]
High freq
Lt View all |
Lo freq |2|:|

Graph Setup @

Group delay [mz)

Gd top

T
—

Thick plot linez v
Tirme-Bardwidth [

|Jpdate |

Gd range

E
—

Cretault

In this menu you can adjust all graphic parameters. Magnification of the Y axis shows more detail for
the frequency response, with a variation of approximately +1dB for the M-Audio Transit USB

soundcard that was measured.

FR Magnitude dB % (smoothed 1/24 oct)

-19.50

=

-20.00

/"

=D

-20.50 /

-21.00 /
-21.40

-22.00 /

-22.480 }f
-23.00

-23.80 ! I

1 10 100

Cursar: 1.9 Hz, -29.01 dB

1000

10000
Frequency (HZ)
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The following traces show responses for severa other popular soundcards.

0 FR Magnitude dB V" (smoothed 1/24 oct)

R M-Audio Transit
-5.50 "
——l A .

-6.00 Line-In
s +/- 0,1 dB (20Hz bis

' 20kHz)
7.0
-7.50
-8.00
-850
-a.00
-9.50

-10.00 100 1000 10000
Cursor: 20.2 Hz, -5.69 dB Freguency (Hz)
S0 FR Magnitude dB Wi {smoothed 1524 oct)
& Realtek AC97 Audio

-5.50 T
o0 L Mikrofoneingang
| +/-2,5dB (20Hz bis
o \ 20kHz)

750 l\l
.00 ]‘
-8.50 ]‘

|

-9.00
-850
=000
100 1000 10000
Cursor; 20.1 Hz, -5.83 dB Frequency (HZ)

5o FR Magnitude dB VA {smoothed 113 oct)
o Onboard Karte Intel
70 // \\ Mikrofoneingang

&0 3 +/- 6,5 dB (20Hz bis
/ N\ 20kHz2)

-10.0

-11.0 / \
-120 / \
-12.0

14.0 !

5.0 X 1
100 1000 10000
Cursor: 19752 Hz, -5.85 dB Frequency (HZ)

|
(

For measurement purposes, a soundcard should have alow frequency cut-off (—3dB) below 10Hz, or
preferably 5Hz. The card should have a usable range from 20Hz to 20kHz, with variations no greater
than 0.5dB.
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Any noise intrinsic to the soundcard should also be taken into consideration.

0dBF - - F———— e e e - -2
MLS oder weiles Rauschen
P =101log(1/0,5 N)

42dBf - -F----- = m———————————_
Crest WN > 10-11dB; Crest MLS - 6-9 dB

-80 dB

D TRANSIT

The following exampleillustrates the effect of high noise levels:

The Realtek card referred to above has a noise level of about -80 dBFS at 20Hz, whereas the M-Audio
Transit records around -120 dBFS. Excitation signals consisting of ML S or white noise were selected,
with an FFT sequence of N = 32768 values. This sequence has N/2 = 16384 spectral components with
apower of P=10*l0g(1/16384) = —42dB (below RMSlevel). Crest factors of approximately 10—
11dB for white noise and 6-9dB for ML S should also be taken into consideration.

n.b. Crest factor = the ratio between peak and RMSvalue of an alternating quantity (CF = U4/Vrus).

The excitation signal will therefore be roughly 50dB below the full scale level (between 48dB and
53dB, depending on the signal used). This leaves a dynamic range of D = —excitation level-noise
(dB). For the M-Audio Transit D = -50-120 = 70dB; Realtek D = -50-80 = 30dB. Thus, we can see
that soundcards with a noise floor of —-80dB are of no use in measurements using Noi se excitation.
Such cards may be used, however, for measurements using sine excitation (see STEPS).
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5. Calibration of the measurement chain

Whileit is possible to carry out measurements without calibration, reliable results cannot be obtained
if the individual components of the measurement system are not well matched.

Sol_mdcard ! preamp ! S_oundcard
Line OUT mic ! [\ i Line IN
E |~
U our Ui
S GEN G AMP : S DUT | S MIC G PRE 5 MES

The measurement chain should therefore be analysed at the level of each component to ensure that the
different parts of the setup are suited to each other, and that amplifier outputs and devices such as
voltage dividers are arranged such that the system is not over- or underdriven.

As an example, consider the nearfield measurement of a speaker cone to determine SPL. For thisto be
carried out effectively, the measurement system must be set up so that the soundcard input can cope
with levels as high as 130dB.

The following parameters are known:

Maximum input voltage of the soundcard U,y yax = 0.988V RM S (see definition below); microphone
gain Gpre = 20dB = 10; sensitivity Syic = 11mV @94dB at 1kHz.

At 130dB (36dB difference from 94dB), the output voltage of the microphoneis 10°%%%° = 63.1*11 =
694mV RMS. Thisis amplified further by the microphone by a factor of 10.

G|N = U|N MAX/UOUT SENSOR MAX — 09988/(10* 0694) =0.1439 =-16.84dB
A voltage divider giving 16-17dB of attenuation is therefore required.

Soundcard ; |_|R1 Sensor
- [ S | < Rx = (ZIN * RZ) / (ZIN + RZ) [1]
= o
N| |-z G = Rx / (R1+ Rx) [2]
E R1=(Rx/G)—Rx [3]

If the input impedance of the sound card Z;y = 10kOhm, and the value of R2 = 1 kOhm, R1 calculated
by [1] and [3] isasfollows:

Rx = (10000* 1000)/(10000+1000) = 909.09 Ohm
R1 = (Rx/G) — Rx = (909.09/0.1439) — 909.09 = 5408.42 Ohm —> 5,6 kOhm
And, Gy = 909.09/(5600+909.09) = 0.1397 = —17.01dB

Step-by-step management of the measurement system is described in detail in the following sections.
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5.1. Soundcard calibration

The soundcard and microphone calibration dialogue is found under 'Setup’ - 'Calibrate devices. The
following shows the preset default values.

Soundcard and Microphone Calibration @

-Soundcard Full scale outpuk (i)

1. Conneck electronic volkmeter
or scope on left output channel

-Soundcard Full scale inpuk ()

1. Connect sine generator with
kmown output voltage on

Microphone sensitivity (v Pa)

1, Conneck microphone on

(set range to 24) Channel

Left = |
Preamp gain 1

2, Atkach sound calibrator

Left -

2. Enter voltage {peak or rms)

Cutput level | -3dB - ]

3. Enter woltmeter {scope) value

| 1000 |[myrms v

Zhannel

2. Generate sine (SO0Hz) ‘

son |m'-.-'rn'|s _:_J

3. Estimate Max Input mb I Pressure 24 db

_ Estimated  Current 3, Estimate Mic, Sensitivity ‘
i | Left | 1000 | 1000 my
Estimated Current Right | 1000 | 1000 m¥ Estimated  Current
| too0 | 1000 gy | | DiFf | 0| o dB | 5 S mv/Pa
L | -0 | - | -3 | -0 dil
R =0 I E) I - I -n I i QK ‘

Figure5.1.1 Calibration dialogue.

The calibration dialog is divided into three sections.
(a) sound card, |eft channel, outpuit;

(b) sound card, left and right channel input;

(c) microphone level calibration

Note: full scale input and output for the
soundcard are given asmV peakin
'Soundcard and Microphone Calibration'.
For the adjustment calculation with the
ARTA measurement box, use mV RMS=
0.707 * mV peak (see Section 3.1).

—
E
.‘_

T T[T

" Ver

................

...........

vl b b me

T T T T
.

VS = VPeak

Veff = VRMS =0.707* VS
Vss = Vpexk peak

V mom = current value.
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5.1.1. Calibration of the output channel
Use the following procedure to calibrate the output channel of your soundcard.

Soundcard full scale output {mi

1. Connect electronic voltmeter
or scope on left output channel i
(set range ko 24) iy

Caalpaut

2, fenerakte sinus (S00H:) |

Qutput level | -3d6 -

3. Enter waltmeter (scope) value

B76.6 |m'-.-' Fmis j

4,  Estimate Max Output mby |

Estimated Current Riaht
g
Inpul

| 13s3.2 | 13532 v @
Accepk

1. Connect an electronic voltmeter to 30.0% /
the left line output channel. 25,0%

3R 20,0%
Any meter that measures accurately at £
400Hz or an oscilloscope is suitable. £ 10w

] % 10,0% /
The chart to the right shows how 3 . /
measurements from a quality DMM < o P
vary with frequency. 0,0% f—y e
-5,0%
10 100 1000 10000

Frequenz in Hz

2. Press the button 'Gener ate sinus (400H2)"

3. Enter the voltmeter readout in edit box (in mV rms).

4. Press the button 'Estimate M ax Output mV'

5. The estimated value will be shown in the box 'Estimated'.

6. If you are satisfied with the measurement, press the button 'Accept’, and the estimated value will
become the current value of the 'LineOut Sensitivity'. Thiswill also be entered as a value for the
input channel calibration.
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5.1.2. Calibration of theinput channel

Y ou can use an external generator or the output channel of the soundcard to calibrate the input
channels. If using the output channel of the soundcard as a calibrated generator:

soundcard full scale input () 1. Set the left and the right line input volume to maximum.

1. Connect sine generatar with 2. Connect the left output to the left line input.

known output volkage on . .

_ 3. Pressthe button 'Estimate M ax I nput mV', and monitor the
Channel Right v | input level at bottom peak-meters. If the soundcard input is
2. Enker "v'l:lltElgE (peak_ ar rms} C||pp| ng, |OW€I’ the Ie\/el Of |nput VOI ume.
6766 |mvrms v 4, En'ter th_e value of signal generator voltage in the edit box, but

only if it differs from value used during output channel
calibration.

3. Estimakte Max Inpuk m' |

5. Press the button 'Estimate Max I nput mV'.

Eriin-tioe) - G 6. If you are satisfied with the measurement press the button

Left | 11233  |1123.3 mv '‘Accept’, and the estimated value will become the current value
of the'Linel n Sensitivity'.

7. Repeat 1-6 for theright input channel.

Right | 1123.7:  [1123.7: m¥

Diff |-0.003z |-0.003z dB

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

Note also that the standard calibration sampling rate was previously 44.1kHz. Because of problems
with some soundcards when using this rate, 48kHz has been available since release 1.8.

Sampling rate(Hz Cancel

L I 0 I 50 I 30 I -10 @& e tHz) |—|

R & I 4 [ -4 [ e [ = |43000 2w | ok |
44100 |
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5.2. Microphone calibration
To calibrate the microphone, you need alevel caibrator. The procedureis as follows:

Microphone sensitivity (i Pa)

1. Connect microphone an

Channel Left -
Prearp gain | 10,77

2, Attach sound calibrator

Pressure 94 dB

3. Estimate Mic, Sensitivity |

Estimated  Current

979485 | 9.79485 myjPa

1. Connect the microphone pre-amplifier to the soundcard line-in
(Ieft channel).

2. Enter the gain of the preamplifier (preamp gain) and the SPL
value of the calibrator (Pressure).

3. Present the calibrator to the microphone.

4. Press 'Estimate mic sensitivity'.

5. If the measurement is acceptable, press 'Accept’.

Note: If the gain of the preamplifier is unknown, you can set a
default value, but this value must also be entered asthe gain in the
'Audio Devices Setup '(see also Figure 5.2.3).

If you do not have alevel calibrator, you can use one of the following methods:
a) Use of manufacturer's specification;
b) Calculation of Thiele-Small parameters and nearfield;

) Use of areference tweeter.

These methods are not substitutes for a proper level calibrator, but they are suitable for DIY usein

most cases.
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If you have a microphone with areliable data sheet, you can use the manufacturer's specifications.
Below you will see values for common microphones and electret capsules. For data relating to the
ARTA measurement box, see Section 3.1 (specifications for the MPA 102 microphone preamplifier).

Manufacturer and Sensitivity Maximum Max. SPL Dynamic Price
model (m\V/Pa@ SPL (dB) (dB @ 3% range
1kHz) THD) (dB)

Thomann t-bone NM1 12.9 118 94 35.00 €
Superlux ECM999 13,6 129 98 39.00 €
Behnnger ECM 8000 124 121 91 49.00 €
Monacor ECM-40 5.6 120 8490 €
DBX RTA-M 7 3 103 119,00 €
Beyerdynamic MM1 15.2 128 2 96 154.00 €
Audix TM-1 6.5 140 112 295,00 €
Haun MB 550 6 126 459.00 €
Earthworks M30 8 150 142 118 639,00 €
NTIM2210 20 145 120 1.098.00 €
Microtech MK221&MV203 50 146 1.535.00 €
Sennheiser KE 4-211-2 10
Panasonic WM 61A 6 2

More information on measurement microphones can be found in Section 1.2 and in the STEPS

Handbook.

Figure 5.2.1 Measurement microphones (from left to right): Haun MB550, t-Bone MM1, NTI
M2210, Audix TM-1.
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5.2.2. Nearfield method

If no calibrator is available and the sensitivity of the microphone/preamplifier is unknown, the
following method can be used to provide an approximate level calibration.

After Thiele-Small parameters of alow- or midrange driver have been calculated, and VAS
determined by installing the driver in a sealed enclosure of known volume, the resulting data can be
used in asimulation program to cal cul ate the half-space frequency response (2pi).

Magnitudeiahms) Impedance Fhaze (")
] T T T T Q0.0
Fs = 70.27 Nz
| | R = 6.22 ohms[de]
63.0 1 Le = 453.87 ul A 430
_____——-"“"' L2 = F2T.FT uM
560 f f B? = 1.50 ohms - oo
gr = 0.59
Qes = 0,64 i
490 ns = 5.7 45.0
Has = 11.16 grans
42.0 Rms = 1.016202 kq/s -90.0
Cms = D.00B370 m'H
350 Uas = B.79 liters !
: Sd= 126.68 cn"2 Ay
Bl = 7.377437 Tm
280 ETH = D.h4 %
Lp(2.830/9n) = B9.45% dB
21.0 Closed Hox Hethod:
Box volume = 5 N8 liters
14.0 piameter= 12.70 cn :—
Fh
oo - - - -
10 20 a0 100 200 S0 1k
cursor: 11353 Hz, 11.894 Ohm, -50.2 deg Freguency(HZ)
TSP

If you have not used LIMP, it is possible to use manufacturer's datafor initial simulation. Note that
only data from reputable mainstream manufacturers should used to ensure reliable simul ations.

SPL [dB]
|ErE 110

|Fr0ntl0aded vl

100
IKDnisch vl
|Halbraum vl 90

Ahstand I1 m 80

Treiber _

dl |D_ m 70
h |1_ crm
b 127 cm B0 o .
Info [Predator 20 50 100 200 500

Frequenz [Hz]

Figure5.2.2 Simulation of a6" TMT driver with AJHorn (half-space, 2.83V).
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The above figure shows an example of asimulation in AJHorn for a 16cm woofer with an input
voltage of 2.83V. The simulated frequency response can serve as an objective comparator for data
obtained with our microphone (see Section 6.6). The only prerequisite for the procedure is that the
sound card should be calibrated (see Section 5.1).

Note that the SPL of most microphones or capsules used in DIY constructionsis limited to
approximately 120dB, so start with low levels and avoid overdriving the input channels of the
soundcard.

x| | Note that we assume that we have no data
e ol on the microphone or its preamplifier, so
Input Device | GOSB(G0A8 (1)) In | =] we must use arbitrary values for now in
the Audio Devices Setup.
Oukput Davics ]GO-IIE{GCJﬁ {13) MC Ok :]

| Waverormat ™ 16k % 24bkt " 32hbt Extensible [V

[~ 1j2 Amplfier Interface -
Linaln Sensknity LinsOut Sensithiy
(mvpeak - laft ch) IL0EI e rank - faft ch) 145

Set the left preamp gain sensitivity to 1.
Exit. left preamp gain :] LR channel dif, (d8) | -0.05118¢ P P9 y

Ext. right preamp gain [ 0.04805 Power ampifier gain E 3,148

[ Microphone -

¥ Microphone Usedon [ueftch =] | senstivty (mvipa) | 1

Set the microphone sengitivity to 1

Sawe sstup I Load setup I Cance i Ok |

Figure 5.2.3 Audio Devices Setup.

T
3 :‘L‘d

A two-channel nearfield measurement is
taken and the level adjustedto a
measuring distance of 1 metre (Pg).

Prr= Py t+ 20 IOg(a/2d)

d = measuring distance
a = driver membrane radius

Pee = Py + 20 log([ 12.7cm2] /2* 100cm)
P|:|: = PNF —29.97dB

The measured nearfield level Pye must
therefore be corrected by —29.97dB to
obtain the farfield level Per at 1 metre.

Figure 5.2.4 Procedure for estimating microphone sensitivity by nearfield measurement.
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The image left shows the uncorrected nearfield

T FR Magnitude dB re 20uPai? 83V (smoothed 1/24 ocf)

T4 level (black line) recorded by the microphone,
o e I whichisarbitrary because of thelack of
ol :t_ P._ = Po. +20 log (a/2d) —— calibration data. The red line showsthe
os FF = TN og (a/2d) imported simulation data.
nioe First, the uncorrected nearfield level must be
1900 adjusted for the 29.97dB cal culated above by
:zz using 'Edit — Scale Level’ (in the FR window
under IMP).
700
B0.0
20 30 100 200 500
Curzor: 204 Hz, 12562 dB Frequency (Hz)
Simulation ve Measured
FR Magnitude dB re 20uPai? 83Y (smoothed 1/24 ocf) The Cal I bra[l on fa:tor lS determl ned from the
. ]2 remaining difference. The example lft shows
1200 // T adifference of approximately 36dB.
1190 /’ = Use 'Scale Level' once again to reduce the
00| s ar—na trace by afurther 36dB as shown here.
200 -36 dB A [l
T | )
00— — W= — S P
oo
B0.0
20 50 100 200 500
Curzor: 21.0 Hz, 9616 dB Frequency (Hz)

Simulation vs Measured with Corr

FR Magnitude dB re 20uPai? 83V (smoothed 1/24 ocf)

1200

. % The simulated and measured traces are now
' A superimposed. From the second correction
100 step, the correction factor for the microphone
500 = and its preamplifier is:
800 /
Jdl Gain = 1029 = 63,0957 (see also Section
/ 3.1).
B0.0
0.0
20 a0 100 200 500
Curzor: 207 Hz, 9990 dB Freguency (Hz)

=36 dB

, I— , Finally, enter this value in the Sensitivity field
! ! LR channel diff, (dE) ] 005118 o6 oA Udio Device Settings dialog,

I 004503 Power armplifier gain I 3.148 Remember that any change in the
measurement chain (e.g. achangeinthe gain

setting of the microphone preamplifier) will
result in achange in sensitivity that will

m |Left ch 1'I Sensitivity (i /Pa) |63.095? require correction.

Figure 5.2.5 Microphone calibration using nearfield measurement.

Page 47 of 189



ARTA - Handbook

5.2.3. Tweeter method

Thisfollowing calibration method relies heavily on the reliability of manufacturer data. Y ou will need
atweeter and its data sheet. Use only products from reputable manufacturers for this method, as
unreliable data will yield misleading results that are of no use.

Daten =
Impedanz 8 Ohm '
Belastbarkeit (Nenn/Musik) 60/ 150 Watt 100
Resonanzfrequenz (fs) 900 Hz a8 R
Gleichstromwiderstand(Re) 4.8 Ohm 90 -1 " .8 = = ”m“‘mm'}"
Kennschalldruck 92 dB (1W; 1m) ;I
Luftspalthche 2,0 mm 80 r 4 ‘
Schwingspule (D; Linge) 26 mm; 1.5 mm ;/ '
Kraftfaktor (F/I) 3,80 N/A 70 .-‘i I |
Schwingspuleninduktivitit 0,05 mH Ve '
Effektive Membranfliche 7,60 qem - :
Bewegte Masse incl. Luftlast 0,29 g - - " . " o

Figure 5.2.6 Data sheet for a known tweeter.
The procedureis as follows:

1. Mount the tweeter in asmall baffle and measure the impul se response at a distance of
approximately 20-40cm.

Impulse response My

5.36

=

477

318

1.59

0.00 Al

-1.59

-3.18

-4.77

-6.36

2492 473 5.54 537 1019 ms
Cursor: 3E7IUY, B250ms (300) Gate: 0917 m= (31.53 cmi@3ddmis)

Figure5.2.7 Gated impul se response of the tweeter.

2. Correct the measurement level to 1 metre measuring distance. To do this we need the actual
distance of measurement, which can be estimated in two ways:
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Set the gate: move the cursor (yellow line)
until it registers 300 samples. Then set the
gate marker (red line) on the first impulse
peak. The length of the gate is shown below
the chart. We can use this to calculate the
distance of measurement: d =0.917ms*
0.344m (speed of sound) = 0.3154m.

Alternatively, calculate the distance as

d =c* (peak position — 300)/sample rate,
which in this case would be:

d = 344* (344-300)/48kHz = 0.3154m

Enter thisvaluein the 'Pir Scaling' dialog (‘'Edit'

Note that since release 1.2 ARTA has been doing

the calculation for you — it is shown below the
chart

3. Go to the menu item 'Overlay' —
'‘Generate Target Response, and select a
target that resembles the roll-off response
illustrated by the manufacturer (e.g. see
Figure 5.2.6).

Various filter options are available, ranging
from first to sixth order. Filter type,
sengitivity and cut-off frequency are entered
by the user.

Figure 5.2.8 shows the measured frequency
response together with the response
corrected to 1 metre alongside the target
function (12dB Butterworth, Fc = 900HZz).

ARTA - Handbook

Pir Scaling

Enter number or arithmetic expression to scale PIR:

|n.3154|

Cancel ‘ (] 4 |

—> 'Scale amplitude)).

[& SeasNF900. pir - Arta
File Edit

Record  Analysis  Setup

Ci r; v Toolbar
| Skakus Bar
32k |
| v fGate fime (m @ 344m/s)

FFT

Make Overlay Filter Response

9z

Reference passband sensikivity: [dE]

Filker kype

. Butterworth - I order

2. Butterworth - I order
. Bessel - 11 arder

. Linkwitz - IT order

. Butterworth - III order
. Bessel - 11T order

. Butterworth - IV arder
. Bessel - ¥ order

. Linkwitz - % order

. Butterworth - 4 order
. Beszel - W order

. Butterworth - Y1 order
. Bessel- I order

. Linkwitz - Y1 arder

Cancel I (84 |

™ Low - pass
¥ High - pass

[~ Band - pass

“Crossover frequencies

Lot : 200 [Hz]

Upper: [Hz]
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1058.0

100.0

il

W

|
)

A

55.0

100
Cursor: 257 .1 Hz, 75.02 dB

1000

10000

Frequency (HZ)

Figure 5.2.8 Measured frequency response and target.

4. Calculate the correction factor. From the frequency response we can set the cursor to frequencies
that are at |east one octave above resonance, and read off the corresponding level values.

KE 4-211-2 3000Hz | 4000Hz | 5000Hz | 6000Hz | 7000Hz
Simulation 92.00 92.00 92.00 92.00 92.00
ARTA 104.49 102.94 102.99 103.08 103.51
Difference (simulated—measured) 12.49 10.94 10.99 11.08 1151
1Q(Prerence’20) 42121 | 35237 | 35441 | 35810 | 3.7627
Assumed amplification 1 1 1 1 1
Adjusted amplification 4.2121 3.5237 3.5441 3.5810 3.7627

Thus, the average correction value is 3.7247 (standard deviation = 0.2884).

Note that this method isinfluenced by the effect of the baffle on which the tweeter is mounted.

Inclusion of baffle effects can be simulated with software such as The Edge (see Figure 5.2.9).

10.0

TN

s

5.0

4

TN e T

\\

-10.0 ,/

0.0 /
2.0

Figure5.2.9 Influence of asimulated (red trace) 25¢cm x 25cm baffle at 30cm.
Ideally, you should use a baffle that has a minimal effect on the frequency range used for the

calibration (see also |EC bafflein Chapter 9).
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5.3. Microphone frequency compensation

The use of agood measurement microphone with alinear frequency response is recommended.
Suitable DIY microphones are described in Section 5.2. When you purchase the microphone or the
microphone capsule, ensure in addition that it has a smooth frequency response and omnidirectional
polar pattern.

ARTA and STEPS offer the means for correction of the frequency response of your microphone, but
bear in mind that the correction will be limited to the on-axis response. Off-axis frequency response
errors will not be accounted for in the correction.

Follow the steps under the menu item 'Frequency Response Compensation' as follows.

A) 'Load' the appropriate compensation file (.mic) (Figure5.3.1). This should be anormal ASCII
file that has been renamed from .txt to .mic. It should have the following structure:

Frequency (Hz) Magnitude (dB)
0.99

17.527

17.714 0.95
17.902 0.91
18.093 0.87
18.286 0.83

If necessary you can read the correction values from the reference frequencies and enter them yourself
into an ASCII file with no formatting.

After the file is loaded, the frequency response of the microphone asin the above exampleis
displayed. n.b. It isimportant that you enter the frequency response and not the already corrected
values.

If you have only afew measured values, ARTA can interpolate intermediate val ues automatically by
means of a cubic spline. Note however that at least one value in every three should be measured, with
these values distributed as evenly as possible over the correction area.

B) Activate the compensation curvein 'Use FR Compensation'. You can seein the ARTA main
menu if the microphone compensation fileis active. If 'FR Compensation' isticked, thefileisin use.
Click on 'FR Compensation' again to disable the compensation file.

e Y ou can also use the toolbar icon to control and enable/disable the
compensation file.
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Load IJze frequency response compensakion

(8.4

Figure 5.3.1 Frequency response compensation window.

Use of the above procedure assumes that you know your microphone's frequency response. There are

several ways to obtain this.

e Usethe manufacturer's specification.

e Have the microphone calibrated professionally.

e Carry out the calibration yoursdf if you have access to the necessary equipment.
Substitution method (F>200Hz).
Pressure chamber method (F<200HZ).
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5.3.1. Calibration using a reference quality microphone >200Hz

If you can obtain a high-quality measurement microphone (e.g. see Figure 5.3.2a), you can useit to
calibrate your own.

A good description of the procedure can be found on the Earthworks homepage in the article 'How
Earthworks Measures Microphones' (3). For frequencies above 500Hz, Earthworks uses the
subgtitution method in which atest driver is measured in an infinite baffle with areference
microphone. The problemisthat it is difficult to find a suitable (large enough) anechoic chamber for
the measurement of low frequencies. To solve this problem, Earthworks uses a small pressure
chamber for calibration at lower frequencies (see Section 5.3.2).

2131 PTBE-Zulassung-Nr.
Technische Daten/Specifications MK 221 9258  zur amtlichen Eichung Ce
Wandlertyp Kapazitver Druckempfanger
Transducer type Capacitive pressure transducer
'Frequerzhereich des Freifeldiberragungsmaies 35 Hz .. 20 kHz (+ 2 dBE)
Frequency range free-field response
Feld-Leerauf-Ubertragungsfaktor/Sensitivity 50 m\ViPa
Grenzschalldruckpegel for 3 % Klirrfakior bei 1 kHz 146 dB
Meoe, SPL for THD = 3 %at 1 kHz
Eigenrauschen mit Vorverstarker M 203 15 dBA
Inherent noise with preamplifier MY 203
Polarisationsspannung/ Polarzation voltage 200V
‘Kapazitat mit Polarisationsspannung bei 1 kHz 19 pF
‘Polarized cartridge capacitance at 1 kHz
Arbeitstemperaturbereich =50 . +H100°C
Operating temperature range
Temperaturkoeffizient = 0,01 dB/K
Main ambient temperature coefficient
Statischer Druckkoeffizient -1x10® dB/Pa
Main ambient pressure coefficient
Durchmesser/Diametar
mit Schutzkappeswith protection grid 13,2 £ 0,02 mm
ohne Schukkappe/without protection grid 12,7 + 0,02 mm
Héhe/Height 16,4 mm
5 Calibration Chart
[ 21 T Sansitivily S, -2EGdE e 1ViPa
P —— — o — equivalent to: 52,6 miPa
a = . CaMTigs CApscilance: 18,6 pF
o — Calibration Condiions
-5 A— Fotarization Voltag: 200
= Ambient Static Prassurs: 23,6 kPa
s Ambient Temparalure:  21°C
-10 Rstatira Humidity: 0%
B } s s
Mo 13890 3 Achiator Pressure Pesponss
Deabe: 12.02. 1952 Snnature:
0 5 100 200 50 Tk b 5k 10k 20k Hz
*indidusll kalibrisrt/individua lly calibrated MICROTECH GEFELL E

Figure 5.3.2a The MK 221 Reference Microphone by Mikrotech Gefell.

Figure 5.3.2b shows responses for the reference microphone and the test microphone (MB550). Note
the differencesin level and response. Thefirst job isto compensate for the differencein levels.
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110 FR Magnitude dB re 200Pai2.83% (smoothed 173 oct)
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Cursar: 9421.7 Hz, 102.01 dB Frequency (HZ)

Figure 5.3.2b Reference microphone (MK 221, blue) and test microphone (MB550).

Use 'Scale Level' ('Scale Magnitude' dialog) in the Edit menu . g
of the FR window to reduce the level of the MBS50 until itis  [lbmin &

superimposed as much as possible over the reference response et oainin dbtaceal il
(FI gure 533) REEF Salde In 0 s5Cale magnitude

Y ou may need to experiment alittle with this, as the best value
. . . ' -0.3
is not always obvious at first glance. | &

Cancel ‘ K |

[¥ Smoothed frequency response (MB550-A-CAL-SUM-ABC. pir)
File Basl¥ view Smoothing Owerlay

| Copy = Top
Calabs ‘2.83%* (sm_nnthfed 173 och . - . \ Li Fit
R
Cuk below cursor =} ;j ange
Cuk abowve cursor l = Set
Scale lewvel i Smoathing
i 1/3 v}

Subtrack ovetly T 2 ] T /SN EE I T i
Subtrack From overlay A i T ) | ! | ) A A |
Power average overlays \ Fv‘.\ ) A f
Merge ovetlay below cursor : f \ / W \\l
Merge overlay abnveu T 1 \ / Y TR (N I 1Y) !

- 1
a7.0 0 1 1 i i T i

b~

B.Aw

a5.0 T T T T i e T T T T R e T
High Fr
93.0 T 1 T — T T - - — T T - 4 b
ad.0 | | 1 | 1 1 1 | Lo Fr

100 1000 10000
4 4
Cursor: 9421.7 Hz, 101.61 dB Frequency (HZ) _JJ

Figure 5.3.3 Scaling and subtraction.
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We then use 'Subtract Overlay' to account for the difference between the two frequency responses (as
shown in Figure 5.3.3).

Figure 5.14 shows the result of this operation. There is a maximum variance between microphones
from 150Hz to 20KHz of +1.25dB.

- Lewel dBr (smoothed 103 oct)

A
40 R
T
3.0 A
2.0
. ,—-..I‘f\—‘\_\
. e /\/—’ \\ j
. = A
-1.0
2.0
=30
4.0
50
100 200 S00 1k 2k Sk 10k 20k
Cursar; 3726 Hz, 0.06 dB Freqguency (HzZ)

Figure 5.3.4 On-axis frequency response correction.

'Export ASCII' can then be used to create the compensation file. Rename the .txt file to .mic and
import it as described earlier.

5.3.2. Calibration below 500Hz with a pressure chamber

As noted above, Earthworks uses a pressure chamber for microphone calibration below 500Hz.
Construction and operation of the pressure chamber are described in detail in ARTA Application Note
No. 5. Thelargest dimension of the chamber should not exceed 1/6 to 1/8 the wavel ength of the upper
cut-off frequency of 500Hz (i.e. 11.5-8.4 cm).

100
75

V = 0,38 Liter

Figure 5.3.5 Design and application of the measurement pressure chamber.
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The use of the pressure chamber isillustrated in Figure 5.3.5. The test microphoneisinserted into the
chamber via an adapter that creates a good seal, and measurements are made with ARTA/STEPSin
the frequency range of interest. The chamber seals the microphone off from its surroundings and
provides a suitable measuring environment, but be aware that very high sound pressure levels can be
expected if normal voltages are used (e.g. 2.83V islikely to yield 145dB). Because of this, small
excitation signals only (c. 0.01V) should be used to avoid damage to the microphone. Figure 5.3.6
shows the frequency response of the MK 221 with STEPS when the pressure chamber is used. The
figureillustrates how the reference and measurement curves can be used for calibration.

FR magnitude dB re 20uPai2 83V
1500

1450 ,-,r/-\
\
L
140.0 RO el

— \
135.0

1300

mmm—a

1250

1200

114.0

10 100
Cursor: 10189 Hz, 123,22 dB f{(Hz)

Figure 5.3.6 Reference (red) and MB550 (black) frequency responses.

The microphones will usually have differing sensitivities, and an initial level adjustment will therefore
be required. The easiest way to do thisis to choose a reference frequency and use the cursor to read
of f the respective sensitivities. The difference is then compensated for by using the 'Scale' function.

If the measurement is made using ARTA, the correction can be made via 'Edit' —>'Subtract Overlay' as
described above. If STEPS s used for its superior reproducibility, some manipulation of datain Excel
and a suitable simulation program (e.g. CALSOD) will be needed.

Figure 5.3.7 shows the trace obtained with STEPS for the MB550 microphone from 5 to 500Hz.
Using this compensation curve together with the results from the previous section (see Figure 5.3.4),
you can obtain a compensation file for the full frequency range of about 5Hz to 20kHz, as shown in
Figure5.3.1.
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Figure5.3.7 MB550: deviations from reference frequency response.

e SN

200

100

/
/

0de

irregul arities can be expected at frequencies below 100 with different DI'Y microphones. Even with

high quality microphone capsules (e.g. 211-KE 4), there is no guarantee that there will be no

Results with other microphones are summarised in Figure 5.3.8. They show that significant
significant deviations from specifications.

211-KE 4, No. 1; light blue
Panasonic WM 60.

MB550; red

MCE 2000; orange

211-KE 4, No. 2, Nr2K; Blue
Figure 5.3.9 illustrates that there are in addition other factors to be taken into consideration. These

harmonic distortion traces clearly show the reason for the extra cost associated with professional

Figure 5.3.8 Results with various microphones: black
guality microphones.
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Microphones in a small pressure chamber @ 300Hz
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Figure 5.3.9 Comparison of harmonic distortion of microphones at 300Hz.
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The amplifier is an essential part of the measurement chain. Y ou might use your own power amplifier,
or dternatively akit or custom-built amplifier designed for this purpose. Regardless, you should know

the basic characteristics of the device used.

If the amplifier isto be used for frequency response and impedance measurements, a device with
linear frequency response from 10Hz to 20kHz and power output of 6-10W is sufficient. For
distortion and power compression measurements, an output of 200W into 8 Ohmsis acceptable.

For measurements with ARTA we use the test setup in Figure 5.4.1. This ensures that the input
channel of the sound card is not overloaded, and is protected from excessive voltages by diodes.

o
=4

>~

~(©)=0)

[ RL |

r@:u@ 5

[ g L1
[P I ]
[ R1 |

A= 20 *log (Rx/R2 + Rx)
Rx = Zn* R1/(Zin +R1)

Beispiel:

Z,y = input impedance of soundcard
=10k

AttenuationA R1 R2

-10 dB 5100 | 1047Q

-20dB 510 Q | 4,4kQ

-30dB 510 Q| 15kQ

Figure5.4.1 Voltage divider for amplifier measurement.

As an example, the Thomann 't.amp' PM40C was selected. The manufacturer's specifications are as

follows:

Technical Specifications

Output Power

into 8 Ohms: 36W rms

into 4 Ohms: 50W rms

Frequency Response: 10Hz - 20 Khz / - 1dB
Voltage Gain: 26 dB

Input Impedance (active balanced): 20 kOhm
THD+N: 0.03%

Slew Rate: 19 V/us

Signal-to-Noise Ratio: 92 dB

Power Consumption: 75 VA max.
Dimensions (WxHxD): 155 x 166 x 55.5
Weight: 1.8 kg
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Figure 5.4.2 shows the harmonic distortion of the t.amp into 4.1 Ohms (black) and 8.2 Ohms (red) in
response to output voltage. The t.amp delivers about 34W into 4 Ohms and 23.2W into 8 Ohms
without distortion: 10V RMSinto 4.1 Ohms (24W) is safe for measurement purposes.

. Distartion (%)

224 10hm 1kHz =
22 5.2 Ohm 1kHz E
P
i
F
1.0
0.1 =
I
4
i R —
0.m
0.0
0.01 nA 1.0 100
Crar11.8Y, THD: 1 .0% Yaltage (Y rms)

4.1 Ohimws 8.2 Ohm

Figure5.4.2 THD @ 1kHz as afunction of output voltage with 4 and 8 Ohm loads.

The frequency response is shown in Figure 5.4.3. The lower cut-off frequency (-3dB) is
approximately 16Hz, while the upper limit is about 60kHz.

0 FR Magnitude dB & (smoothed 1724 oct) Phase (%)
A
F
15
T
0. —\ A
1.5
-3
-4.5 ’/
6.0 180.0
S X 0.0
-an } oo
-10.5 r{ -80.0
120 -180.0
5 10 20 a0 100 200 s00 1k 2k sk 10k 20k a0k
Curzor 166 Hz, -3.01 dB, 60.5 degy Freguency (HzZ)
t.AMmE

Figure 5.4.3 Frequency response of the Thomann t.amp (based on the LM 3886 chip).
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=
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-60.0

-3l

-50.0

-103.0 [

-120.0

20 a0 100 200 200 1k 2k ok

10k 20k

Curzor: 4853.0Hz, -136.90 dB Frequency(Hz)

RW= = -50dBFS  THD =0.0098%  THD-+M =0.029%
t.Amp -1dB

Figure5.4.4 THD+N @ 1kHz and —1dB.

Figure 5.4.4 shows THD + N for the t.amp. The values are within the manufacturer's specifications.
Figures 5.4.5 and 5.4.6 show distortion against frequency for thet.amp at 1 and 16W into 8 Ohms.

Thet.amp remains stable at outputs up to 16W.

0 Distartion (%)

5
=
E
0.1 F
s
0.01 =
. i ‘= !
y N
0.001 T ] o A
t = » T = B THD
x.;.r LY -~-\|,1"".-‘r m D5+
0.0001 " D5
uD4
m03
0.00001 I
0 100 200 500 1k Pk gk 10k 20k
f209363Hz  THD:0.00355 02000355 % f (Hz)

t.Amp W

Figure5.4.5 Distortion versus frequency at 1W.
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Figure 5.4.6 Distortion versus frequency at 16W.

Sincerelease 1.3, voltage- or output-related distortion measurements have been possible with STEPS.
Figure 5.4.7 shows voltage-dependent harmonic distortion at three different frequencies. For more
details of thistype of measurement, see the STEPS Handbook.

Distortion (%)

27 4 10hm 10kHz 5
422 4 4 Ohm 1kHz ] T
W22 4.1 0hm 0.1kHz E
10,0 Em¥22 4 10km 10kHz /- 5
b
10 H‘!q_-.‘
_ e
Hea, 1 '|. e
0.1 o
: ¥
y R
0.01
0.001
0.01 0. 1.0 10.0
Crsr23.00%, THD:24 9% Yoltage (Y rms)

Figure 5.4.7 V oltage-dependent harmonic distortion (THD) of the amplifier at 4.1 Ohms at 100Hz,
1kHz and 10kHz.

Amplifier parameters of interest (besides power, frequency and phase response, and harmonic
distortion) are shown in Figure 5.4.8.
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4 A
Ug Re Ua R,
R
Signal source Amplifier L oad
Input voltage (UE) Voltage gain (V=UA/UE) Output voltage (UA)
Input impedance (RE) | Output impedance (RA)
Internal impedance (RS) Load impedance (RL)
RS<<RE RA<<RL

Figure5.4.8 Amplifier schematic.

The input impedance RE isthe internal impedance of the input side of the amplifier, and can be
measured with aresistance RV connected in series with the amplifier input. The input voltage drops
from UEL to UE2, and with it the output voltage fals from UA1 to UA2. The input impedance of the
amplifier is characterised as follows:

RE = RV*UA2 / (UA1 - UA2)
Example t.amp: RV = 47kQ;

1 kHz {RV] yy O UAL=10.502V; UA2 = 3.144V
UA1 @ RE = 47kQ*3.144V/(10.502V—
UE1 | UE? e 3.144V) = 20.082kQ

Figure 5.4.9 Measurement of input impedance.

The amplification (gain) isthe ratio of the output and input voltages
V = UA/UE

Thisis measured with a sinusoidal alternating voltage, typically at 1kHz. A precise voltage divider
between the generator and the amplifier facilitates the measurement at high gain (e.g. microphone
preamp). If avoltage divider is used, measure the voltage UE' before the voltage divider, then
calculate u = the voltage divider ratio (R1+R2)/R2. Then V = UA*U/UE'.
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V=UA/UE

Examplet.amp: UE = 0.8493V; UA =
18.539v

V = UA/UE = 18.539/0.8493
V =21.83=26.7dB

Figure 5.4.10 Measurement of amplifier gain.

Output impedance is the internal impedance of the output side of the amplifier and can be determined
from aload resistance RL. The output voltage of an open circuit (UO) is reduced by aload to the load

voltage UL. Under these conditions

1 kHz

RA =RL * (UO/UL-1)

UE

O

-
14

—>

L U0, UL
O

Examplet.amp: UO =5.47V; UL =
5.462V; RL =8.2Q

RA =8.2%(5.47/5.462-1) = 0.012Q

Figure 5.4.11 Measurement of output impedance.

The measured values as shown in Figures 5.4.9 to 5.4.11 match the manufacturer's specification.
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6. Measurement with ARTA

6.1. General

After the calibration of the equipment is complete and everything is ready, we can start actual
measurements. Be sure to check all cable connections and settings thoroughly and carefully before
each measurement session.

| ﬁ = . .. \'é
Microphone = _
preamp | ()

= )
-..'_b ---'J

Microphone
| N\

Figure 6.1.1 Measuring equipment (minus microphone connection and stand).

USB soundcard

Avoid poor quality cables and connections. Attention to detail in this respect will save much time and
effort in the long run.

Note: awell thought-out and constructed system consisting of high quality equipment, clearly marked
connections and an ARTA measuring box will enable you to minimise the risk of errors and damage.
Thisis particularly important where the system has not been used for an extended period and
familiarity with it has consequently diminished.
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6.1.1. Test leads

Attention should be paid to the test leads, as we are using small anal ogue voltages. Signal quality will
suffer as aresult of noiseif transmission over large distancesis attempted. To avoid earthing and
interference problems, the following guidelines (4) should be followed:

Make cables as short as possible, especialy when using high impedance sources;
If possible, use double shielded cables;
If necessary, take an additional earth lead and place the shielding on one side only;

Differential
amplifier

source Shielded twisted pair

\(f"‘\(l"’\{f"‘\(l"“\ -
<
MR A AT R SN

source Shielded twisted pair

{
e
’s,x\ﬂ’\(\,’\(\,’<\_.

Single-ended
amplifier

Avoid ground loops. Ensure that earth potential s are the same between the source and the
measuring instrument (soundcard). Measure between earths beforehand with a meter (both
AC and DC);

Do not place the signal cable near any interference source (transformers, power supplies,
power cables, etc.);

If possible, disconnect the computer from the mains —if you have alaptop, use the battery.
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6.1.2. The signal-to-noise ratio of the measurement system

The SIN ratio isimportant and should be determined before each measurement session, as meaningful
frequency and phase measurements can be obtained only if the useful signal level is greater than the
noise level.

M easure sound levels with and without speakers (DUT) and compare levels (Figure 6.1.2). The noise
level in the region of interest should be at least 20dB below the signal — the greater the separation
between the two, the better.

FR Magnitude dB re 20uFa/2.83% (smoothed 1/24 oct)

110.0

A,
K
100.0 T
ANMW\PWm . A
40.0
M| ' \
a0.0 ‘AU" V
70.0 AN
G0.0
00 M AT PR
400 W%m
0.0
200
20 a0 100 200 a00 Tk 2k Ak 10k 20k
Cursaor 20.0 Hz, 77.96 dB Fregquency (Hz)
Current file: Lintitled e 2010-08-05 19:43:448
Coierlay files: 2An0 ==
Sim

Figure 6.1.2 Determination of signal levelsand S/N ratio.
If the separation isinsufficient, there are severa options:

Reduce the noise level or change the room or measurement environment;
Increase the level of the excitation signal;

Do not use excitation signals with low energy content (e.g. MLS);

Use averaging (see Section 6.1.3).

Phase transition is very sensitive to an unfavourable S/N ratio, especially when measuring speakers
that do not cover the entire frequency range. Generally, the phase-frequency response can only be
reliably calculated with a sufficiently large S/N ratio.
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FR Magnitude dB re 20uPar2.83% (smoothed 1724 oct) Phase ()
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500 ise level 180.0
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200 -90.0
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Cursaor: 2002 Hz, a6.24 dB, -107.9 deg Fregquency (HZ)
HT Frequenz- und Phasengang

Figure 6.1.3 Frequency and phase response of atweeter in anormal living room.

Individual drivers do not usually cover the entire frequency range. Thus, atweeter radiates so little
acoustic energy at 100Hz that the transfer function in this region is overshadowed by noise, and the
phase response calculated in this areaiis of no use.
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6.1.3.Averaging

As indicated above, measurements are rarely made under optimal conditions. Traffic noise, fansin
computers, heating or air conditioning, wind, and general background noise can al spoil
measurements.

To obtain measurements with tolerable accuracy, we rely on

averaging. In'IMP' mode, in the menu 'Impul se Response BT

Measurement’, thereisafield entitled 'Number of Averages. In Type |Linear -
FR1, FR2 and SPA, seein the '‘Averaging' submenu (in

'Frequency Response Measurement Setup’) the field 'Max Max averages |32
Averages.

FR Magnitude dB re 20uPa/2.83% (smoothed 1/24 oct)

A
a0.0 xAJr\;\'\ ( \
700 \ V

600

o

S0.0 F—

WMMMW

W0 et

30.0 —

200
20 a0 100 200 500 Tk 2K Sk 10K 20k

Cursor: 20.0 Hz, 77.96 dB Fregquency (HZ

Current file: Untitled s 2010-09-05 194635
Owerlay files: Ay = 1EAY == 2800 == DAY == 32800 == Signa] e
S & Averaging

Figure 6.1.4 Averaging in IMP mode.

These fields specify the number of measurements to be made by ARTA, after which the mean of the
measurements is cal culated automatically.

Doubling the number of measurements increases the S/N ratio by 1/An (3dB), although other factors
such asjitter limit the extent to which this can be achieved.

The effectiveness of averaging isillustrated in Figure 6.1.4, where measurement results with 2 to 32
averages are shown for noise floor levels.
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ARTA has awide range of integral excitation signals, and can also be used with external excitation, as

follows;

Impulse response measurement / Signal recording

Periodic Moise ISweep I MLS I Exkernal excitation I

Impulseresponse
Periodic noise (PN: pink, white, speech);
Sweep: sine (linear, log); ML S; External
excitation (Trigger)

¥ | Inp | Frz Fr1 Sea |

P pink. *I Fs{Hz) |43000

T[External
White noise

Pink. noise gnitude dB

2
PM pink,
PH spnlaech

FR1, FR2, SPA
Random: pink, white
Periodic: white, pink, speech

The difference between periodic and
random noiseisexplained in Figure 6.2.1

[& untitled - Arta
File ©werlay Edit Wiew | Record A&nalysis Setup Tools Mo

Ca| ” |[Iup Frz F
FFT |1£|.- "I Wdimd e

Impulse ¢ & | Time recaord

Espons
Signal time recor

Signal Time Record (available from
release 1.6.2)

Signal generator with awide range of
continuous signals (sine, square, multi-
tone, etc.) and pulse and burst signals

The selection of the best excitation signal depends on the quality of the sound card and the

measurement environment.

Dual channel measurements should be used with high quality sound cards with flat frequency
response and tight tolerances for the sengitivities of the input channds. Single channel measurements
can be used with lower quality sound cards (see aso Chapter 4).

Ivo Mateljan suggests the following guidelines for selecting appropriate excitation signals:

e Periodic noise (PN) gives the best results in environments with high ambient noise levels.
Averaging improves the S/N ratio, and the effects of random and stationary noise and nonlinear

distortion are minimised.

e Inquiet surroundings, a high crest factor makes the sine sweep ideal for high power speaker
testing. In this case averaging does not always improve the SN ratio, and it is therefore better to

increase the duration of the sweep.
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Petindic noise generakar

Sequence length (BN ™
Sampling rate (Hz) [48000 -

G52, 67 ms

Pinik. A
|:| -

Time conskant:

Moise spectrum

Cutpuk volume

Pink. cukaff (Hz)

Generate |

For periodic noise (pink) ARTA can protect the
DUT against low frequency high energy signal

components by including a high-pass filter (Pink

cutoff).

The effect of the Pink cutoff is shown in Figure

6.2.1. By increasing the cutoff frequency, we cut
the lowest frequencies off at progressively lower
levels. ARTA automatically compensates for the

frequency level cap.
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S0 Hz cut off 500 Hz cut off

Figure 6.2.1 Effect of Pink cutoff at 10, 20, 50 and 500Hz.

The following illustrations show other signals (Figures 6.2.2 and 6.2.3). For more detail, please see

the ARTA manual and Mateljan & Ugrinovic (5).
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Figure 6.2.2 Difference between random and periodic hoise.

FR Magnitude dB Wi
B5.0

=00

=T

a0

200

2.0

-100

=250

-40.0

=550
20 20

100
Cursor;
multtitone

200 1k 2k 3k

Figure 6.2.3 Multisine.

2k

200
205 Hz, -43.79dB

10k 20k
Frequency(Hz)

Page 72 of 189




ARTA - Handbook

Asof version 1.6.2, ARTA comes with an additional generator with continuous signals (sine, square,
multisine, etc.), pulses (e.g. Dirac), and sine bursts of various types. See Siegfried Linkwitz's website
for information on application of the sine burst (http://www.linkwitzlab.com Triggered burst
measurements of tweeters).

Figure 6.2.4 shows the 'Signal Generation and Recording' menu. The choice of waveform is made by
clicking the checkboxes 'Continuous, 'Pulse’ or 'Sine burst'. Once this is done, the signal can be given
more specific characteristics (e.g. type, frequency) and the frequency transients adjusted using the
'Repetition’ drop-down. Thus, 16,384 might prove to be a high repetition rate, while 262,144 might
contain only one repetition per recording; it depends on the number of samples (‘Length’) and
sampling rate chosen in the 'Signal recording' field.

With the checkbox 'Invert output signal’, the output signal can be inverted. Trigger on right channel’
can be used to control recording of two-channel measurements via the output of the sound card.

Signal Generation and Recording 5[

- Conkinuous Generator —Signal recarding — Trigger

" Continuaus [sine -] Input channel IRight ~| || Trigger channel [Left -]
Set | ‘F it L Length (samples) |32k - Trigger slope |F‘Ius "I

Sampling rate (Hz) I441|:||:| vl Trigger value | Full scale | 0.001
—Transient Genetatar

" Pulse Widkh ! 1 Tirme conskant: 743.04 ms

{* Sine Burst! iLIniFu:urm ﬂ Mumnber of averages | ; Bl sl I )

Freq (Hz) I 1000 Irvvert Phase of input channel T Time waiting Erigger (53 | ]

Sine perinds | 3 = Wait For brigger v Close after recording v
Lenvel (dB F3) I n _%
Repetition Iﬁ L | -0 | -5 | -3 | -1 b
[=amples) 2014 i F 0 I A I -1 I o0 I B

Inverk oubput signal |

Trigger on right channel | Generate | Link v Record Default | ] 4 I

Figure 6.2.4 Signal Generation and Recording menu.

The'Link' checkbox between the 'Generate’ and 'Record' buttons automates the trigger process by
linking the two processes.

The'Signal recording' and 'Trigger' fields are largely self-explanatory.

Figure 6.2.5 shows a collection of signals from the 'Transient Generator'. Excitation signals are shown
on the left, while the right half shows the tweeter response at 3kHz recorded with a high-quality
microphone.
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Figure 6.2.5 Burst and pulse: excitation (left), response (right).
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6.2.1. Impulse responses: theory and practice

Depending on the DUT (but especially with subwoofers) and our knowledge of signal theory, the first
impul se response seen on the monitor can come as something of a surprise. A brief overview with

examples from theory and practice therefore follows.

ARTA -

Handbook

Impulse response (Y]
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Figure 6.2.6 Step response (middle) and frequency response (right) of a Dirac impulse (I eft).

To describe the theory, a Dirac pulse was evaluated asa WAV filein ARTA with reference to target
filters (low-pass, band-pass and high-pass). Using this method, the generated impulse and step and

frequency responses should match the curves predicted by filter theory as long as the bandwidth limit
does not cause problems.
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Figure 6.2.7 Impul se response (I eft), step response (middle) and frequency response (right) of a
1000Hz low-pass filter.

The first example, Figure 6.2.7, shows a 12dB |ow-pass filter with a cutoff frequency of 1000Hz.
Note the changes in impul se and step response in comparison to Figure 6.2.6.
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Figure 6.2.8 Impul se response (l€ft), step response (middle) and frequency response (right) of aband-
pass filter with 100Hz/1000Hz crossover frequencies.

The second examplein Figure 6.2.8 shows a 12dB band-pass with 100Hz and 1000Hz cutoffs. See the
changesin impulse and step response compared with the Dirac impulse. Note a so the different

timescales.
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Toillustrate the effect of different cutoff frequencies on the appearance of the step response, the next
illustration shows 12dB |ow-pass, band-pass and high-pass filters. Note particul arly the band-pass
filter, as all speakers exhibit this behaviour.
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Figure 6.2.9 Influence of cutoff frequency on the appearance of the step response.

In the final example, atweeter connected to a 12dB high-pass filter with a corner frequency of
1000Hz was simulated. Figure 6.2.10 shows the simulation (top) and the measured frequency
response of the tweeter. Note the significant differences between the measured and theoretical curves.
Theindividua characteristics of the tweeter, the driver setup, and the measurement conditions
(distance, room, ambient noise, etc.) are al evident in the impulse response and ultimately in the
derived andysis. The peculiarities of the phase response are discussed in Section 6.2.2
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Figure 6.2.10 Impulse and frequency responses of simulated and real tweeters.

It would be desirable in addition to describe the behaviour of a bandpass filter with atweeter, but the
bandwidth limitations of the simulation software (22kHz) and measurement system (24kHz) allow for
only apartial frequency response trace (Figure 6.2.11).
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Figure 6.2.11 Simulation of tweeter responses with highpass (left) and bandpass (right) filters.

To answer afrequently asked question, the unexpected artefacts that are seen before the start of the
impulse are caused by 'pre-ringing'.

%f" = | i, "'."'.‘.,.-.-'I"'"'-""“ o,
| U “*h h||'|"l'!"~l'||'"

Figure 6.2.12 Impul se response with pre-ringing.

Thisis caused by the bandwidth limitations of the measurement system, and is seen each time the
frequency is half the sampling rate. With current soundcards these frequencies are usually 24kHz
(48kHz sample rate) and 48kHz (96kHz). Pre-ringing can be partially corrected by checking the 'Dual
channel impulse response filter' in the 'Impul se Response Measurement/Signal Generator' window.
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6.2.2. Phase and group delay

An understanding of the use of ARTA for analyzing phase and group delay isimportant when fully
characterizing a sound source. The reader is therefore advised to revisit Section 5 briefly, and to
consult relevant literature (6) as well asthe ARTA User Manual (2). Note a so the importance of
using two-channel measurements, as thisis the only way in which specific phase rel ationships can be
characterized.

Thefollowing analysisis based on a 96kHz Dirac pulse with a 3rd order Butterworth highpass filter
with a corner frequency of 800Hz (Figure 6.2.13).
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Figure 6.2.13 Impulse response, 3rd order highpass.
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Figure 6.2.14 Frequency and phase, 3rd order highpass.

The highpass response (tweeter model, shown in black) is very close to the theoretical or ideal
response, but shows significant deviation in terms of both amplitude and phase below 100Hz because
of the computational limitations of the software. Note that phase is apparently more sensitive in this
respect than amplitude; thisis used to advantage in procedures described in Chapter 5.
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As shown on the | eft, the 'View' menu in the Smoothed
Frequency Response window shows the available options
in ARTA for depicting and manipulating phase and group
delay.

Figure 6.2.15 (right panel) shows the frequency and phase
response (Magn+Phase) of the modelled tweeter. The
phase can be seen ‘wrapping' as aresult of inclusion of the
time el apsing between the propagation of sound from the
tweeter and its arrival at the microphone. The distance
between the cursor and marker (34.33cm) correspondsto a
time of 0.998msec and is referred to as the 'gate’ (Figure
6.2.15 left).
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Figure 6.2.15 Phase response, including flight time from source (cursor) to microphone: wrapped

phase.

We can move the cursor towards the peak of the impul se response in the Impul se Response window
or use 'Delay for Phase Estimation' under the 'Edit' menu to reduce or eliminate pre-delay. Thiswill
results in phase responses similar to those shown in Figures 6.2.16 to 6.2.19.
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Figure 6.2.16 Phase with pre-delay = 0.5msec.
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Figure 6.2.17 Phase with pre-delay = 0.8msec.
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Figure 6.2.18 Phase with pre-delay = 0.998msec.
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Figure 6.2.19 Black = phase with 0.998msec pre-
delay (black); red = calculated 'ideal’ HP phase.

Removal of the excess phase associated with the flight time between the source and the microphone —
in this case by using pre-delay - should reveal the 'pure’ phase response of the highpass filter (Figure
6.2.20). Comparison of the calculated ideal highpass phase (red) with the phase corrected using

0.998msec pre-delay confirmsthis (Figure 6.2.19).
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Figure 6.2.20 Phase with pre-delay = 0.998 msec
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Figure 6.2.21 Phase with pre-delay = 1.043 msec.

If the delay islonger than the flight time (increased for example to 1.043 msec, which corresponds to
two samples), the phase graph reverses back on itself as shown in Figure 6.2.21. If we were to achieve
this effect by placing the cursor two samples behind the impulse peak as shown in Figure 6.2.22, the
frequency response would become distorted asin Figure 6.2.23.
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Figure 6.2.22 Cursor placed two samples after Figure 6.2.23 Cursor placed two samples after
impul se peak. impul se peak.

The difference between using pre-delay and moving the cursor is caused by the software not applying
the FFT transformation to the part of the pulse that lies before the cursor.

If wetick 'Minimum Phase' under the View menu, the software cal cul ates the minimum phase
response of the tweeter by using a Hilbert transform. Theoretically, when the measured phaseis
adjusted accurately using the correct pre-delay, the response should be identical to the calculated
minimum phase.

Phase (") - averaged in 124 oct, Excess phase (") - averaged in 1/24 oct.
1800 1800

A A
R R
1440 \ 7 1440 \ R
1080 A 1080 A
720 \ 720 \
6.0 ] 360 [== \\---.._______
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1440 1440 \
800 1800
100 200 00 1k 2k ak 10k 20k 100 200 s00 1% % sk 10k 20k
Cursor: 101.2 Hz, -101 4 deg Freguency (Hz) Cursor: 104 2 Hz, 44 & deg Frequency (Hz)
Current file. Dirac_Buiterw 3_HPE00.pir — 2012-05-04 10:5258 Currert fils; Dirac_Buttervs 3_ HPBO0 pir mm 2012-05-04 10:55.32
Oyerlay tlles: Min Raal—. Orverlary files: Min Resl == EXCESE
Minimuim Phase va. Phase with 0,398 ms Pre Delay Minitnum Phase vs. Phase with 0,998 ms Pre Delay
Figure 6.2.24 Minimum phase, Hilbert Figure 6.2.25 Excess phase (blue), real phase
transformation (green), and rea phase (red). (red), and minimum phase (green).

In redlity, there may be differences caused for example by diffraction effects (Figure 6.2.24). The
calculated minimum phase (green) and adjusted real phase (red) differ by the excess phase (blue), as
shown in Figure 6.2.25.

Fhasze (- averaged in 1724 oct. FPhase (%) - averaged in 1524 oct.

il A 180.0 A
1440 R -320.0 R R
1060 \ T 8200 P, T

A\ ] A ™~ A
720 \ \ “ -1320.0 \
360 \ ,( l| -1820.0 \
0.0 \ \ 1 -2320.0 \
-36.0 \\ \ 1 26200 \
=720 \ \ \ -3320.0
-1050 \ \ ‘ | -3820.0
1440 , 1 -4320.0 \
-180.0 -4520.0
20 50 100 200 S00 1k 2k Sk 10k 20K 20 50 100 200 s00 1k 2k Sk 10k 20K
Curzor: 201 Hz, -2008 deg Freguency (Hz) Cursor: 201 Hz, -20.8 deg Frecuency (Hz)
Figure 6.2.26 Wrapped phase. Figure 6.2.27 Unwrapped phase.

The menu item 'Unwrap Phase' can be used to switch between the images shown in Figures 6.2.26 and
6.2.27. In Figure 6.2.26, the phase responseis ‘forced' into a 360 degree range. The repeated 'flipping'
between —180 degrees and +180 degrees indicates how often the phase goes through a full 360 degree
cycle.

Figure 6.2.27 shows phase without this repeated flipping process; in ARTA, thisisreferred to as
‘Unwrapped Phase', and in this case phase runs continuously. Under these conditions, pure running
phase should yield a straight line on alinear frequency axis. Both types of phase representation are
equivalent, and whichever is used depends on the application.

So, for example, the differences between minimum phase (green) and adjusted real phase (red) are
illustrated more clearly in Figure 6.2.29 than in Figure 6.2.28.
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Excess phase (™ - averaged in 1024 oct.
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Figure 6.2.28 Phase wrapped.

Overlay files: Real == Min ExCess m

Figure 6.2.29 Phase unwrapped.

Group delay (GD) is defined as —d@/dw. The View menu offers the options 'Group Delay' and 'Excess
Group Delay'. Excess group delay refers to the theoretical pure duration of sound without the
contribution of the speaker. Figure 6.2.30 shows the group delay (red) and excess group delay (grey)
for our virtual tweeter.

6.3 shows how these compare with 'real-world' measurements.

Excess group delay (ms) - averaged in 1424 oct.

2200
\

2,000
1800 .\'

4T

1 500 [ \

1.400 \\‘k“'- TN

1.200

1.000

\""‘"——\"—=—

0800

0600
0.400

100

200 a00 1k 2k

Curzor: 3019.4 Hz, 0,999 m=

Current file: Dirac_Butteryw 3_ HPSOO0 pir s

Owerlay files: GD = Excess G mm

sk 10k 20k
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201 2-05-04 11:16:15

Figure 6.2.30 Group Delay (GD, red) and Excess Group Delay (grey).

From the excess group delay, we can cal cul ate the propagation time between the source and the
microphone. The graph shows GD = 0.999 msec at 3kHz, which corresponds to the window set in
Figure 6.2.15. Note that these observations were made with an idealized modelled tweeter; Section
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6.3. Whereto measure: the measurement environment

Before answering the question of where to measure, we should first address the context of that
measurement. For example, a subwoofer or a 3-way floorstander will require conditions that differ
from a small full-range desktop speaker.

984 - ; : CALSOD [
] \ : ) FL
8048 = = — 2] iy
] F = i
] Pl
2848 - — 4 kL -2 et :h.‘ ...... A
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Figure 6.3.1 Smulation of 3-way crossover.

To model the crossover of a 3-way speaker effectively, a measurement two octaves below the
woofer/midrange transition frequency (300Hz in the above example) at the appropriate distance
should give enough resolution to allow the integration of both drivers and to include enclosure effects.
A good illustration of the variablesto be accounted for when measuring and interpreting resultsis as
shown in the following diagram (courtesy of J. Backman (7)).
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A two-way speaker with a crossover frequency of about 2000Hz requires alower frequency limit of at
least 500Hz (Figure 6.3.2). If the baffle step (right panel) isto be accounted for, measurement at 200—
150Hz would be required (depending on the baffle width) for sufficient resolution.
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Figure 6.3.2 Smulation of two-way crossover (left); woofer with/without baffle step (right).
Thetask is complicated further by the contribution of room reflections and standing waves.

Various methods are described in the literature (8)(9)(2)(10)(11)(4) for dealing with these issues:
freefield measurement, measurement in an anechoic chamber, ground-plane measurement, half-space
and windowed measurements, and nearfield measurement.
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Freefield measurements

As suggested by its name, the first and oldest method is to take measurements out in the open. The
speaker and microphone are situated so that there is no interference from any reflecting surfaces (most
notably the ground). To achieve this, acrane or tower is required, and the equipment must be lifted
into the measurement position as shown in Figure 6.3.3 (9).

Sound reflected from the ground takes (2H+d)/344 seconds to reach the microphone. The |eft panel
shows the effect of ground reflection at heights of 1, 2, 4 and 10 metres. Clearly, where areverberant
floor (worst case) is present, the height of the tower should be around 10 metres for reasonably
trouble-free measurements.

80 Rot = Direktschall
—T1 Blau = Bodenreflexion
—T2 +
— T4
75 _ M|C — -
—_ —T10 bl
m
2 Ls—» ,
=l
o
7]
70
H
65
10 100 1000
Frequenz [Hz] M '
' :

Figure 6.3.3 Freefield measurement, simulation, ground clearance (left) and measurement setup (9)
(right). Direktschall = direct sound; Bodenreflexion = ground reflection.

A freefield setup has the advantage of creating theoretically ideal measurement conditions, but is of
course weather-dependent. Precipitation, wind and other noise make measurements very difficult, and
this method is therefore only applicable in benign climates with perfectly calm weather.

Nevertheless, anybody with a reasonably peaceful garden might attempt freefield measurements. Even
if the tower isonly three or four feet high, use of windowing might make measurements all the way
down to a cut-off of 40-50Hz possible (see Section 6.4).
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Anechoic chamber

If freefield measurements are to be carried out without interference from the weather and background
noise at any time, an anechoic chamber is needed (Figure 6.3.4). The walls of an anechoic chamber

: - are lined with a sound absorbing material - usualy glass or
mineral wool -in order to achieve the fullest possible sound
absorption across the entire frequency range of interest. The
lining is also often arranged in wedge shapes as shown in
Figure 6.3.4 (10).

An anechoic chamber can be full- or half-space. In afull
room, all boundaries are lined with absorbent material, and
the room is accessed via arecessed or tensioned wire mesh
floor. For half-space, the room has anormal floor and is thus
accessible with no restrictions.

The best anechoic chambers are ‘rooms within rooms),
decoupled from the rest of the building by mounting on
springs. Thistype of construction minimises the transmission
of sound transmitted through the building itself and through
the air, and allows for an environment virtually free of
ambient noise.

By eliminating reflections, the environment provided by an

. anechoic chamber corresponds to the outdoors at a distance
Figure 6.3.4 Anechoic chamber far from the ground, with the signal unaffected by reflections.
(Visaton

2 —f f— 12
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20 10 5 2 1 0.2 01 005
L1 AT O U R O el
| T L TTI] [T T [TTTT] [T T [ RITir®
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Frequency, f [Hz]

Figure 6.3.5 Relationship between frequency and wavelength.

The low frequency limit of the anechoic chamber is determined by its dimensions and lining. Cut-off
frequencies are usually in the range of 70-125Hz, and room volume roughly 350-360m°. The length
of the absorption wedges should normally be about 1/4 of the wavelength of the lower frequency limit
(Figure 6.3.5). In order to effectively absorb down to the above-mentioned cut-off frequencies, wedge
lengths of approximately 1 metre are needed.
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Ground plane measur ements

For ground plane measurements (GPM), no towers or specialy lined and insulated large rooms are
needed —just alarge reflecting area. An asphalt parking lot, playground or gym (providing they are
not in normal use!) are al suitable.

Lautsprecher

-
——

——— Mikrofon

.r-"“"‘;. Boden e —_

:
5
:
*

"““"-Spiegelquelle

Figure 6.3.6 Ground plane measurement.

There should be no reflecting obstacles in the measurement area. The distance from the source
(speaker) to the next obstacle should be at least five times the measurement distance. This ensures that

thelevel of any reflectionis reduced by at least 20dB so that less than 1dB contributes to the overall
sound pressure.

Ground plane measurements eliminate floor reflections and if far enough away from other reflecting
surfaces will yield a true anechoic response raised by 6dB. The speaker should be on the ground and
be tilted so that the loudspeaker axis points directly at the measuring microphone. The microphone
must be located directly on the floor (Figure 6.3.6). The angle a is calculated as follows:

o = arctan = H/d
H =Floor-diaphragm center distance;
d = Microphone-loudspeaker distance.

The measuring distance should bein the far field. Aslong asfar field conditions are met, placing the
driver at 2 metres for measurement provides the benefit of yielding atrue 1 metre sensitivity due to
the natural 6dB boost with this measurement. GPM can be used to measure the vertical axis aswell by

simply laying the speaker on its side and taking measurements at different angles at exactly the same
distance from the driver in asemi circle.

GPM makes the speaker appear to have a baffle twice aswide as it actually does, with a different
shape, because two sources are mirrored along the measurement axis, and it is therefore effective for
resonance measurements but not for diffraction effects. Because of the proximity of the microphoneto
the ground, the only interference effects will be at very high frequencies (frequencies representing
wavelengths that are smaller than the microphone diaphragm). Enclosure effects should also be
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considered. Asthese are essentially vertica effects, polar or distortion measurements can be carried
out as usual.

. FR Magnitude dB V/V (smoothed 1/24 oct)

A
R
5.0 - Ground Plane e et L
U.U f - | L& =1 /~’—
-50F - | | -
-10.0
-15.0 - — : . 41T
Freifeld 41T
-200} e e B SR &
-25.0 y 2m
-300
20 50 100 200 500 1k
Cursor; 239.7 Hz,-1.53 dB Frequency (Hz)

Figure 6.3.7 GPM, freefield and half-space measurements at 1 metre.

Provided that the same input power is used, a 2-metre GPM measurement has the same sensitivity at
mid and high frequencies as a 27 or 41 measurement at 1 metre. At low frequencies, the level is the
same as a 21 measurement. In between there is a region in which the radiation characteristic of the
source changes gradually (depending on the size of the baffle and its reflection) from 2x to 4.

Half-space

Q For half-space (2m) measurements, a wall or floor mounting serves as an
‘infinite baffle'. In unobstructed outdoor areas a hole may be dug, whilein a
building the speaker has to be mounted flush with afloor or wall —this
potentially involves structural alterations (see e.g. www.hobbyhifi.de —
H measurement room). Measurements in the open are essentially freefield.
For measurements in rooms, see Section 6.4.
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6.4. In-room measur ement

DIY speaker builders do not usually have the luxury of accessto gymnasia, 10m high measurement
towers or anechoic chambers, and must make do with whatever living or basement rooms are
available, or possibly a garden/parking area outside in summer when the weather is cam with no
wind.

So, how do measurements in confined spaces work, and how can ARTA help us? How do the
measuring environments used by professionals differ from normal living rooms? To answer these
questions, two different measurement areas were compared. The DUT and measurement conditions
were clearly defined (http://www.visaton.de/vb/ — keyword 'Ringversuch' (proficiency test)) and kept
constant in both measurements. The sole difference was in the measuring rooms themselves, indicated
at the bottom of Figure 6.4.2a by reverberation times. While the anechoic chamber had RT well below
0.15 seconds, the normal room had an average RT of 0.35 seconds.

The measuring distance was 30cm, the DUT, an 8cm full-range Visaton loudspeaker, was flush
mounted on asmall baffle. The speaker and measurement microphone were set up at approximately
half the height of the room.

The unsmoothed frequency response is shown in the top row in Figure 6.4.2a. The room reflections
are clearly visiblein the right hand panel. The second shows the traces after 1/24 octave smoothing
(black line); the irregularities are still present. The only way to eliminate the reflectionsis to measure
within a defined ‘'window' of time.

Impulse response (MViV)

64.37
4828
3219
16.09
0.00
-16.08
-3219
-45.28
-64.37

<]

Room
reflection

Window | .

\‘ Marker
Cursor 5.96 7.3 867 10.02 11.38 ms

Cursor: -152.588 uV, 6.833ms (328)Gate: 5.042ms (173.43 cm@3-

Figure 6.4.1 Elimination of room reflections by windowing.

Theroomisalso 'visible' in the waterfall plot. Theirregular frequency response between 200 and
2000Hz is caused by the slower decay of the room energy.
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Figure 6.4.2a Comparison of two measuring rooms (anechoic chamber left, normal room right).
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Figure 6.4.2b Characterization of the measurement environment (length L = 4.95m; width W =
3.85m; height H = 2.25m; reverberation time, RT = 0.38s).

I Pressurisation range: f = ¢/2L), where ¢ = 344 m/s; L = room length.

. Resonance range (room modes): f<2000(VV/RT), where V = room volume; RT =
reverberation time.

1. Random range (diffuse or reverberant field): £>2000(N'V/RT), where V = room volume; RT =
reverberation time.

Despite these problems, freefield measurements can be simulated in normal rooms (6) by splicing
near- and farfield measurements (Figure 6.4.3). Near- and farfield refers to the distance from the
sound source, while free- (or direct) and diffuse-field depends on the environment in which the source
is placed. Free and diffuse fields are independent of the type of source and are influenced by the
acoustic properties of the surrounding space. If sound is able to radiate from the source without
encountering any obstacles or scattering, these conditions are referred to as 'freefield'.
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LevelindB =2

source

g . distance from

1" Reverberantlevel N T T

Distance from source =2

Freefield = direct sound only with no reflections;
Nnearfield = measuring distance < wavelength;

Freefield —j—Reverberant

field

Farfield = radiated wavelength > dimensions of source — sound pressure decreases by

6dB for every doubling of distance.
Figure 6.4.3 Definitions of sound fields.

When a sound source islocated in anormal room, sound waves are reflected from room surfaces or
furnishings. The overall radiated sound is amix of multiple reflections: thus, at each point in space,
incident sound is equally likely to be picked up from any direction in that space. The local sound
energy density isequal at al pointsin the mixing field if the microphoneisfar away enough from the
sound source and from all reflective surfaces. Thisisreferred to as 'the diffuse sound field'.

At acertain distance from the source, freefield conditions are lost and the sound wave enters the
reverberant field. The boundary between the free and reverberant fields, where the contributions of

the two fields are equal, can be calculated.

.

':.--‘ll

L réverberation.s s
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- different at all frequencies = ..~ .-
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Figure 6.4.4 Sound fields and radius of reverberant field.
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Reverberation radius, Ry = 0.057 V(V/RTg), where V = room volume (m®) and RT60 = reverberation
time (seconds).

If the distance from the sound source isless than this critical distance, the sound field is defined as the
free field of the sourcein space.

10,0 -

Critical distance in metres

10 100 1000

Room volume in m*

Figure 6.4.5 Reverberation radius study.

For example, in aroom with volume 50m® (5m x 4m x 2.5m) and reverberation time 0.4 sec, the
reverberation radiusis about 0.64m (Figure 6.4.5). In the same room, areverberation time of well
under 0.2 sec would be needed to give afreefield measurement at a distance of 1m.
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How does thisinformation help us? It allows us to estimate the kinds of measurements we can make,
and their likely quality, in a given room.

Reference plane
(baffle)

L

Mearfield microphone

: osition Farfield microphone
/ r position

T\

Acoustic l_ Trr
centre TT

Figure 6.4.6 Position of microphone: near- and farfield.
Nearfield measurements:

¢ Position the microphone as close as possible to the centre of the speaker cone.
e Measuring distance <0.11m x source dimensions — error <1dB.
e Upper frequency limits for nearfield measurements areillustrated in Figure 6.4.7.

Bear in mind when making nearfield measurements that care must be taken not to drive the
microphone into distortion, and that there is an upper frequency limit to this type of measurement
(dependent on the size of the source but generally up to approximately 300Hz; Figure 6.4.7).
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Figure 6.4.7 Upper frequency limits for nearfield measurements.
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Figure 6.4.8 Estimation of level correction (Pegelkorrectur) for nearfield measurements.
Messabstand = measurement distance.

Figure 6.4.8 alows usto estimate whether a microphoneislikely to be overdriven in the nearfield. If
the DUT has for example a specified output of 86dB/W/m and an effective membrane diameter of
8cm, we can assume that the output will be approximately 86dB + 32dB = 118dB at a power of 1W at
adistance of 1cm. This puts us within the SPL range of conventional € ectret measurement
microphones.

Note 1: In Figure 6.4.6, The difference between the 'acoustic center' and the reference plane (baffle)
of the speaker isillustrated. It is clear fromthis that the selected reference point and the actual sound
origin do not coincide, and thisis evident from an analysis of impul se responses. The difference
between the two, which may be several inches and can be measured with a ruler, affects sound transit
times. The degree of resolution of this method is dependent on the sampling rate of the sound card
(7.2mm @ 48kHz, 3.58mm @ 96kHZ).

Note 2: Use of the largest dimension of the source (diagonal measurement across the speaker cabinet)
usually results in a measuring distance that is not feasible in a normal domestic situation. Asa
compromise, perform the calculation using three times the diameter of the largest driver, or (for high
frequency measurements) use at least six times the distance to the nearest edge of the cabinet.

Farfield measur ements;

e Measuring distance d >3 x largest dimension of the source.
o Thelower frequency limit fy depends on the maximum time window (gate) (see below).

Basically, when making farfield measurements we have to make sure that both the source and
microphone are placed as far as possible from reflecting surfaces. In normal rooms the limiting
dimension is usualy the ceiling height of about 2.50m.
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Path of the floor or ceiling reflection:
Dfloor/ceiling =2x \/((d/2)2+h2) [m]

Difference between direct sound and reflected sound:
Delta: Dfloor/ceiling - d [m]

Travel time difference:

T = Deltalc [g], where c = 344 m/s

Lower frequency limit;
fu = 1T [HZ]

Figure 6.4.9 Measurement setup.

Y ou should analyze the measurement space in this
way (Figure 6.4.9) in order to identify more easily
room reflections in the impul se response. Figure

Berechnet
L Lange 4,90 m
W Breite 390 m
H Hiihe 220 m " —
L2 157 m %
L1 280 m ; :
w2 223 m h2

» .-l .-' wz
wi 1,67 m
1] 053 m %
h1 137 m - = - w
h2 0,83 m
toirekt 15407 ms 053 m h1 =
tBaden 8,1128 ms 279m
Thecke 5,0555 ms 1,74 m e 4 %
tUinks 5,8308 ms 3,38 m = B L1
TRechts 13 0563 ms 449 m L
trw Rickwand 17 8138 ms E13m
P Frortwand 10 BEBE ms 367 m

Imputse respongs (Mg

Gemessen * A
1= tojrent 1,583 ms 054 m i € T
£ = tnecke 5313 ms 183 m an ' |
13 = teoden 8,104 ms 279 m Ln 1 T T T
W=tk 3 B35 ms 333 m OJ“EIU i 1 f 1 * *
19 = trrontuand 10,983 ms 378 m 000 1+ i A b
6 =thectts 13,104 ms 451 m 030 - - P L} ts
17 = thivkwand 18063 ms 21 m 059

089

118

]

L
o8 248 11.00 1252 1604 ma
Cureor, 98054y, 6271 me (301) Cate: 11354 me (19058 emi@ld dmde)

Figure 6.4.10 Measurement room analysis.

The dimensions in the upper panel alow usto pinpoint the main reflection positions in the impulse
response. This may be helpful if the characteristics of the room do not allow for pronounced
reflections that are easy to see in the impulse chart.
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The second example refersto Figure 6.4.11. With ceiling height H = 2.20m, measurement distance D
= 0.53m, and measurement height h1 = 1.37m, the acoustic path length Drjeorsceiling IS:

Diiooriceiling = 2 X ((0.53x0.5)” + 1.37%) ¥ = 2.79m

The resulting difference between direct and reflected sound is 2.79 — 0.53m = 2.26m. This
correspondsto atime difference of:

T = 2.26/344 = 0.0065697 sec = 6.5697 msec
Thus, the lowest usable frequency is:
fu =1/0.0065697 = 152.2Hz

The following table shows other measuring distances for a measurement height equivalent to half the
room height.

d(m) 0.030 | 0.060 | 0.120 | 0.240 | 0.480 | 0.960
h (m) 1.100 | 1.100 | 1.100 | 1.100 | 1.100 | 1.100
Diioor/eailing (M) | 2.200 | 2.201 | 2.203 | 2.213 | 2.252 | 2.400
Delta (m) 2170 | 2.141 | 2.083 | 1.973 | 1.772 | 1.440
T (msec) 6.309 | 6.223 | 6.056 | 5.736 | 5.150 | 4.187
fu(H2) 158.5] 160.7 | 165.1 | 174.3 | 194.2 | 238.8

The following figures show how the low frequency response changes with increasing measurement
distance.

Fr. response magnitude dB WA {(smoothed 1724 act)
0.0

= mx

Ocm

10.0

oo /—

- o R
N D gt P s A AL A A G AN

/’Z/\/’//C%//\/WU/V 2oem
AT ]

Cursar: 201 Hz, -29.67 dB Frequency (HZ)

M

Figure 6.4.11 Nearfield to farfield transitions for measuring distances of 0, 3, 6, 12, 24, 48 and 96cm.
Room influences start to become apparent at 6¢cm, with overt interference from 12cm.

As discussed earlier, a measurement distance <0.11 x dimension of the sound source should yield an
error of <1dB. The largest dimension of the speaker in the above example (FRS8in a2.0L closed
box) is approximately 26cm. Thus, as 0.11 x 26 = 2.86cm, we should be able to keep the margin of
error below 1dB with measuring distances below about 3cm.

What about high frequencies? Figure 6.4.12 shows ‘windowed' frequency responses at various
measurement distances.
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the mean reverberation time was approximately 3 seconds.
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Figure 6.4.12 Farfield to nearfield trangitions.

We see that the traces are no longer truly paralel and that the expected 6dB increase in SPL per
halving of distance startsto be lost from the 24cm to 12cm transition. This shows the measurement
gradually moving into the nearfield (see also Klippel AN 4 (12)).

What happensif we increase the measurement distance still further. M easurements were taken in a
gym with dimensions 27m x 15m x 5.5m at a measurement height of 2.80m and measuring distances
from 1.35m to 3.79m. The reverberation time was also determined. Figure 6.4.13 shows the results:

- - 2,5
CIRT60
T =——r1H
=1 + 2,0
B
T \--....\_____ __‘____‘__....--"’/ + 1,5 g
+ 5
e
i + 1.0
i I I i i 0,5
125 250 500 1000 2000 4000 8000

Frequency (Hz)

Figure 6.4.13 Reverberation time (blue) and reverberation radius (red) in agym with dimension 27m

X 15m x 5.5m.

The results suggest an overall reverberation radius of about 1.40m, which meansthat up to this
distance the influence of the room on measurements should be low — but isthistrue?
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Figure 6.4.14 Measurement of a Solo 20 in agym at various microphone distances.

Estimation of the other parameters derived from the room boundary measurements (as above) is
shown in the following table. The measurement conditions stipul ate a measurement time window of
8.6 to 12.8 msec.
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d (m) 135] 180] 272] 379
h (m) 280| 280| 280| 280
Dfloor/oeilinq (m) 576 5.88 6.23 6.76
Delta (m) 441| 408| 351| 297
T (mseo) 1282| 1187| 1019| 864
fy (H2) 7800 | 84.27| 9813 115.75

The left-hand panelsin Figure 6.4.14 show measurements with 1/24 octave (gray) and 1/3 octave
smoothing (blue) without windowing (gating). The red lines show windowed measurements (i.e. room
effects eliminated). The right-hand panels show quite clearly the increasing influence of the
measurement space as the measuring distance increases. The transition from freefield to reverberant
field is easy to see (reverberation radius of approximately 1.40m). Unfortunately, no measurements
were made at smaller distances to demonstrate this further.

6.5. Determination of thereverberation time— characterization of the
measur ement space

As previously noted, the measurement space significantly influences results. Echo and reverberation
effects make it difficult to characterize the speaker asit would behave in isolation. |SO 3382 lists
reverberation time (RT60) as one of the most important room acoustic parameters. A very short
reverberation time is desirable, and for domestic rooms an RT60 of approximately 0.4 secondsis
recommended (13).

ARTA supports the determination of RT60 as per SO 3382. The following boundary conditions are
required by the standard:

e  The microphone should be positioned at least 1m from
any reflective surfaces and not too close to the source
(speaker). The minimum distance from the source can
be calculated as follows:

dmin = 2\/g [m]
where V = room volume (m?), ¢ = speed of sound
(m/sec), T = estimated reverberation time (sec).

e The sound source should have aradiation pattern that
isas spherical as possible. A particularly suitable
sourceisillustrated here.

¢  The microphone should be omnidirectional.

o Theexcitation signal level should be 45dB above the
noise floor. Under normal domestic conditions alevel >90dB is required.

e Theexcitation signal should be as energetic as possible. A sine sweep is recommended. To
improve the SNR further, set the 'number of averages' in the 'Impul se response measurement’
menu to '4'.

e Theduration of excitation of the room should be significantly longer than the estimated
reverberation time.

The reverberation time can be estimated with the following equation:
RT60 = 0.163*V/A
where V = room volumein m®, A = equivalent sound absorption areain m*
A=x|a*s

g = surface sound absorption coefficient; S = surface areain m>.

Page 100 of 189



ARTA - Handbook

Material Unit | 63Hz | 125Hz | 250Hz | 500Hz | 1000HZz | 2000Hz | 4000Hz | 8000HzZz
Car pet m’> | 0.016 | 0.026 | 0.044 | 0.090 0.222 0.375 0.542 0.680
Parquet m’ | 0.020 | 0.030 | 0.040 | 0.040 0.050 0.050 0.050 0.050
Wallpaper, plasterboard m’ | 0.020 | 0.020 | 0.030 | 0.040 0.050 0.060 0.080 0.080
Plaster, concrete, natural stone m? 0.020 | 0.020 0.020 0.030 0.040 0.060 0.070 0.080
Door, lacquer ed wood m? 0.150 | 0.100 0.080 0.060 0.050 0.050 0.050 0.050
Windows, glazing m’ | 0.150 | 0.200 | 0.150 | 0.100 0.050 0.030 0.020 0.020
Curtains m’> | 0.240 | 0.410 | 0.620 | 0.770 0.820 0.820 0.860 0.950
Shelving m’> | 0410 | 0.450 | 0.480 | 0.480 0.480 0.510 0.530 0.620
Upholstered chair Piece | 0.220 | 0.380 0.470 0.490 0.520 0.530 0.560 0.640
Armchair Piece | 0.310 | 0.440 0.570 0.620 0.700 0.710 0.740 0.780
Sofa, two-seater Piece | 0.620 | 0.880 | 1.140 | 1.240 1.400 1.420 1.480 1.560

The above table shows absorption coefficients for common absorbing materias at several frequencies.
Use the 125Hz values for estimating the required excitation time.

Example:

A room has dimensions 4.9m x 3.8m x 2.2m and a volume of 40.96m?, and is furnished as follows:
18.6m” carpet, 58m? of concrete/stone, 10m? shelving, 1.0m? glazing, 3.6m? doors, two uphol stered
chairs.

A = 18.6¥0.026 + 58*0.02 + 10*0.45 + 1*0.20 + 3.6¥0.10 + 2*0.38 = 7.46m°
and
RT60 = 0.163*40.96/7.46 = 0.89 seconds at 125Hz
The length of the excitation signal should therefore significantly exceed 0.89 seconds.
Figure 6.5.1 shows the setting of the excitation signal durationin ARTA (outlined in red), where
Excitation signal duration ~ Sequence Length/Sampling Rate

Sequence lengths of 16k, 32k, 64k and 128k give sampling excitation durations at 48kHz of 0.33s,
0.66s, 1.33s and 2.66s, which should suffice for normal living rooms. A longer excitation time can be
achieved by reducing the sampling rateif thisis desired.

Note: To obtain absor ption coefficients of materials by in-situ measurement, see ARTA Application
Note No. 8 (2).
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Impulse response measurement r‘$_(|

Periodic Moize ] Sweep] MLS ]

i~ Periodic noize generatar: 1 Recarder
Sequence length | Bdk - Prefered input channel m
Sampling rate (Hz] |48000 - Dual channel measurement mode [v
Time constant; 136533 ms Irevert Phaze of input channel [
Moize spechim ]Pi”k j‘ Mumnber of averages 117
Output volume [dB] m Frequency domain 2Ch averaging |
Fink. cutoff [Hz] I—EU‘ Filter dual channel impulze responze W

Generate | Record ‘
i | 10 | -3 ] -3 I Sli B
TR I ) I -4 I T I Default

K. | .&bbrechen‘

Figure 6.5.1 Setting the excitation signal time.

The impul se response of the room is shown in Figure 6.5.2. The position of the first room reflection is
marked, as this would normally be used for loudspeaker measurements.

Impulse response (UVAY)

49.65

=D

37.24

2483

12.41

0.00 —

-12.41

-24.83

-37.24 | | : | :
- |<— Range up to first room reflection

0.00 38.25 76.87 11512 153.75 ms
Cursor; 25.002nY, 0.000ms {(0) Gate: 216.000 ms (10368)
Impulsantwort Raum 4,9x3,8x2,2m

Figure 6.5.2 Impul se response of the room.
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Click on 2 to open the following window:

E_' Acoustical Energy Decay {Dodil.pir) = |I:I|5|
Edit  Automatic 1503352 evaluation

Filtering
Energy decay (dB)
0
| | 5 Ta0
-r.0 R
\ | | T
140 by A Moise Tail
210 L\ |F“-'t':' ‘I
-23.0 _IHWLII\ ITrunu: 'I
-35.0 ; e —— e R dE range
|
420 ||"||, |__|?|:| =
e
-49.0 .l|||
560 " _ton |
B30 ll“m.r i .'.vi. ok | Zoom
- all
Q.00 489 33 94400 141333 1888.00 ms 1 Max
Curzor, 0.000dB, 0.000ms Serall

]

Figure 6.5.3 Acoustical Energy Decay window controls.
Thefields outlined in red are required as follows.

Filtering: Choice of octave band to be evaluated or the entire frequency range (Wide).

T60: Starts the calculation of acoustic parameters. Results are shown below the graph.

Noisetail: Consists of two variables: the first determines which part of the curve is used for the
evaluation, while the second is the noise reduction setting. Trun: The portion selected is hot included
in the calculation; Sub: the mean noise level of the 'tail’ is subtracted from the curve.

dB range: SetstheY axis.

L og: Outputs report with the calculated room acoustic parameters.

Zoom: Horizontal zoom —'Max' or 'All'.

Scroll: Movesthe trace to the left or right.

The procedureis as follows:

1. Select the frequency band to be evaluated under 'Filtering'.

2. Specify the portion of the curve to be evaluated with 'Noise tail'. The aim should be to optimize the
trace by choosing the percentage and method of compensating for the falling curve. The quality of the

adjustment is shown as a correlation coefficient 'r* directly below the graph. A correlation coefficient
of r=1isoptimal.
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EE: Acoustical Energy Decay {Dodil.pir)
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Figure 6.5.4 Analysis with cursor and marker.

Room Acoustical Parameters (Dodil .pir)

F() | wide| 63 12| 2so| soo| 1o00] 2000 4000] aoao
T30(s) | 0.330 1.159 0.434 0,338 0300 0.334 0.336 0.318 0,285
T30 0,909 -0.939 -0.985 -0,997 -0.993 -0.956 -0.999 -0,999 -0.999
T20(s) | 0.321 1.016 049 0354 0.287 0317 0.331 0302 0283
20 | -0.999 -0.981 -0.962 -0.993 -0.983 -0.994 -0.997 -0,999

| 0337 1.170 0428 0329 0373 0383 0361 0.333

-0.994 -0,998

-0.988: -0,997 -0.999

ED 0,259 0662 0.281 0,256 0.299 0.231 0265 0287
CB0(dB) | 17.10 551 1588 1575 16.83 18.95 16.04 1676 18.76
‘c0(dB) | 1141 D084 1107 1161 1048 1273 1008 10.03
DS0(%) | 93.25 S4.79 92.76 93.54 0179 9493 91.07 90.9
Ts(ms) | 16.158 57.727 22.574 16,194 15.358 14,862 22.555 19.329

Save (ascin) | | save s | Copy

x.

Figure 6.5.5 Output of results.

3. Specify the area to be evaluated by positioning the cursor (yellow) and the marker (red). The

evaluation is started by pressing the T60 button.
4. Repeat steps 1-3 for all frequency bands.
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5. Generate the output for the room acoustic parameters by pressing the 'Log' button. The results can
be displayed as a screenshot or asa CSV filethat can be imported directly into Excel to facilitate
statistical analysis. Ensure that in setup under 'CSV format' that the commais selected (see below).

[&" Dodi1.pir - Arta
File Cwerlay Edit Wiew Record Analysis | Setup  Tools Mode  Help

Cn

r

Ine Frz Fr1 5p.:.| > |v.ﬁ.udil:||:|evil:es

Calibrate devices
FFT |64k = indow ILIniFn:nrm ~| Del [

Impulse response (U

FR. compensation

Analysis parameters

Ise &4-hit FFT
* 3% format

Figure 6.5.6 shows the statistical analysis of three measurement positions with Excel. The red bars
show the standard deviation (spread) of the measurements.
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Figure 6.5.6 Statistical analysis of individual results.
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6.5.1. Automatic evaluation of reverberation time

Asof Version 1.5, ARTA provides for automatic evaluation of room acoustic parameters according to
SO 3382. Thisfacility isin the 'Acoustical Energy Decay' menu under ‘Automatic 1SO 3382
Evaluation'. Five options are available as shown below.

E Acoustical Energy Decay (NH1.pir)

Edit | Automatic IS03382 evaluation

——  iaraphical presentation For 11 octave bands -

Table presentation for 1)1 octave bands

Graphical presentation for 1)3 ockave bands
Table presentation for 13 ockave bands -

Setup
i i
210 | |

Select the desired menu item to carry out the evaluation. The 1/1 octave graphic should resemble the
tracein Figure 6.5.7.

Il Room Acoustical Parameters (NH1.pir) N ﬁl

Edit  Owerlay
Parameter
Reverberation time - T30(=) T30 -
0.80
A
R Tahl |
0.7z Al
T
0.64 A
0.56 A i
> Fit |
0.43
0.40 = _ | mae
S ] [ L -]
0.24
Crveetlaws |
016
0.08 Copy
0.00 il
125 250 s00 1k 2k 4k gk —
Curzor: 2500Hz, 036 = Frequency band (Hz) 84 |

Parameter

80

-

T30
Tz0
TiO
ECT

50
Ds0
Ts

Figure 6.5.7 Graphical analysis of octave bands.

The chart can be edited with the usua functions, and results saved as overlays.

The 'Parameters field can be used to view acoustic parameters graphicaly (see
picture | eft).

Axes can be scaled using 'Set’. See Figure 6.5.8 for the available options. The
'‘Update’ button can be used to show a preview.
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Acoustic Parameters Graph Setup B x|

Te0, EDT axis (seconds) Ts axis (miliseconds) CEEL 'I'CEIII.axi:s [dBy——

Range IEI.E! Range |1IZIIZI Range IED
Bokkom |EI Bottom |EI Bokkom |IZI

stepped araph [~ Defauk | Update | cancel |[:

Figure 6.5.8 Setup menu for charting acoustic parameters.

The 'Stepped Graph' checkbox can be used to control the type of graphic representation. If thisis
checked, the results are shown as bands or steps (Figure 6.5.9).

Reverberation time - TI0(s) Reverberation time - T30(s)
120 1.20
\ t 1 R
R
1.08 \ T 1.08 T
0%l — A 096 | A
054 \ 0.84
or2l— \ 0.72 ]
060 0.60 L]
0.48 \ — 0.48
e AN o 036 Tk === =
=T T e = =
024 0.24
012 012
0.00 0.00
63 125 250 500 % 2% 4k 8k 63 125 250 500 1k 2k 4k Bk
Cursor: B30Hz, 114 = Frequency band (Hz) Cursor: B30Hz, 114 = Fregquancy band (Hz)
HB12a - BPos. HEN 2a - 6 Pos.

Figure 6.5.9 Graphic representation in third octave bands: line (Ieft), stepped (right).

As with the manual method, results can be output in tabular format. Note however that T60 is not
shown by the automatic evaluation (Figure 6.5.10).

x
F (1) s3]  12s] o] |  soo|  zoon|  aoon]  eooo]
T30 (s) 1.077 0.414 0.361 0.316 0,335 0.367 0.355/ 0.323
rT30 0979 099 0994 0997 0998 -L000 0,999 -D,999
T20 (s} 1,026 0,344 0,322 0,378 0,316, 0,360 0,349 0,308
¥T20 098 09w 0,994 -0.991 099 0999 -0,999 0,999
Ti0(s) 0,523, 0272 0,359, 0,422 0,264 0,367, 0.332 0.293
tT10 0957 0993 -0.989 0997  0.9%  -0098 0995 -0.995
EDT (s} n.621) 0.567| 0.470 0,386 0,317, 0,375 0.263 0,296
B0 (dB) 534 8.51 14.025 13.88: 16,62 12,84 15,85 17.17
€50 {dE) .06 .82 7.82 9,44 10.21 7.21) 10.72 10.77
D50 (%) 56,08 60,32 85,82 39.?9: o130 84,03 5218 92,28
Ts (ms) E7.502 41275 23094 19.808 20,576 26,655 19,002  18.029
- o s Sabied | :

Save [ASCIL) | Save {.csv) | Copy |

Figure 6.5.10 Tabulated results.
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6.6. Setup for loudspeaker acoustic measurements

Together with some background knowledge and technical ability, the combination of ARTA
measurements and listening tests is sufficient for the development of aloudspeaker. The devel opment
process can be further assisted, however, by the use of simulation software (e.g. BoxSim, CALSOD),
which can help to reduce the need for testing time and materias. Simulation results can be very close
to reality, but they are heavily dependent on the frequency response and impedance data required by
the programs. The following discussion gives some suggestions for use of simulation software.

Simulation programs
We will examine two commonly used pieces of software:

e BoxSm
CALSOD

BoxSim alows for the free positioning of individual drivers on the baffle (X & Y axes), aswell as
input of the acoustic source (Z axis). Asthe virtual microphone is positioned at an infinite distance,
the individual drivers cannot be misaligned.

}_ ......................... Q-

Because of this configuration, the speaker must be measured on-axis and the FRD and ZMA files
imported into BoxSim.

CALSOD is more flexible in this respect. It allowsfor free positioning of the driver on the baffle as
well as the microphone. In this way, any measurement or listening position can be simulated, at |east
in principle.

M easurement environment

Speakers have to meet the requirements of the listener in the listening environment. It would therefore
be logical to measure and devel op the speaker under these conditions, but as we have seen those same
conditions cause problems in measurement. Ultimately, acoustic measurements taken in aroom
provide results that are actually the sum of the loudspeaker and the room itself.
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We can eliminate the contribution of the room and simulate freefield conditions by gating but may
compromise datain terms of low frequency limits and resolution (Figure 6.6.1).

10,0 : : : : ; 500

300

Gate [ms]

200

untere Grenzfrequenz [Hz]

100

0.0 : : : i i 0
Messdistanz d [m]

Figure 6.6.1 Window length and lower cut-off frequency as a function of measuring distance for a
room of height H 2.40m (h = H/2).

Test setup: alignment errors
Figure 6.6.2 shows a measurement/listening arrangement.

Horizontal angle
h Ml

B “ a=arctan ((h yx=hr) /D)
B =arctan ((h mx—hr) /D)

L
Y

F 3
A\

Figure 6.6.2 Geometry of atypical measurement/listening arrangement.

For area measurement, however, we would not usualy position the microphone off-axis relative to
both drivers. The reasons for this are explained as follows.

Figure 6.6.3a shows two different distance measurement positions for atwo-way speaker. The
microphone is place on-axis to the tweeter, while the woofer is measured at positions A and B. The
corresponding on-axis woofer reference positions are shown as A' and B'. Not surprisingly, the shorter
the measurement distance, the greater the angle of measurement for the woofer and consequently the
deviation from the on-axis response. If we input these frequency measurements into simulation
software and simulate for other distances, we will inevitably encounter further errors.
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FR Magnitude dB re 20uPa/2.83V (smoothed 1/3 oct)
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Figure 6.6.3a Woofer on-axis (A" = green, B' = red) and axisHT (A = black, B = blue).

Figure 6.6.3b shows the measurements for the tweeter. The angle error at 60cm starting at 1.5kHz can
be clearly seen.
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Figure 6.6.3b Tweeter on-axis (A' = green, B' = red) and axisHT (A = black, B = blue).
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However, at when the measurement distance isincreased to 150cm, the error caused by angle of
measurement can be tolerated as deviations from the on-axis reference only start at around 10kHz, 1.5
to 2 octaves above the normal transition frequencies.

Figure 6.6.4 estimates the error attached to measurements taken at various distances and angles.
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400 —15°  —30°
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o

Messabstand D [m]
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o

1
1
1
Sl
1

s inailensl

0,00

0,05

0.15 0.20
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Abstand Chassis d [m]

0,30 0,35

Figure 6.6.4 Measuring distance as afunction of angle and microphone position.

Example: What should the minimum measuring distance D be if a is not to be greater than 10°, when
d = 21cm between the two driver centres? If we look at the intersect corresponding to d =0.21min the
10° line, the minimum working distance D can be seen to be approximately 1.18m.

We can see therefore that increasing measuring distance minimizes angular errors. This however
conflicts with the requirements for freefield measurements.

Geometrical Delay

Aswell as angles and distances, time can also affect measurements.

h MIK

Microphonedistance- LS
Dyr = (hmic — hur)? + D?
Drr =+ (Amic — her)? + D?
Path difference

AD = (Dyr — Dyr)

Delay
At = AD /344 m/s

Figure 6.6.5 Phase shift caused by delay.

The following table shows in red measurement conditions corresponding to the examples from
Figures 6.6.3aand 6.6.3b. At 60cm there is a path difference AD of 1.85cm, which correspondsto a
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time difference At of 0.054msec. At ameasuring distance of 150cm, the path difference is reduced to
0.75cm and the time difference becomes 0.022ms.

D

h HT
h T

h ik
a

p

D HT
DTT
A D

At

05 m
095 m

02 m
095 m
ooo =
1404 °
0B00 m
0B18 m

1847 cm
0054 ms

1.5 m
095 m

0&m
095 m
oo =
I
1500 m
1507 m

0,748 cm
0022 ms

2m
095 m
03 m
095 m
ooa -
429
2000
2006 m

0562 cm
0B ms

4 m
095 m
028 m
095 m
ooo =
2158 °
4000 rm
41003 m

0,281 cm
0003 ms

33 m

095 m
08 m
095 m
opoo
025+
33,0000 m
33,0003 m

0034 cm
0001 ms

Thetime difference is equivalent to a delay which corresponds to a phase shift that increases with
frequency.

So, for the commonly used transition frequency of 3000Hz, a path difference of 1.847cm will

dPhi [°] = Delay [m] * Frequency [HZ] / Speed of sound [m/s] * 360°

correspond to a phase shift of:
dPhi [°] = 0.01847 [m] * 3000 [HZ] / 344 [m/g] * 360°

relative to the tweeter. The simulation in Figure 6.6.6 gives an idea of the effect that this 1.847cm
path difference can have under the conditions stated on an idealized loudspeaker with a Linkwitz-
Riley second order crossover.
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Figure 6.6.6 Impact of time difference (left = without; right = with delay).
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The acoustic center

So far we have assumed that the acoustic center is asimple driver mounted on a baffle. Unfortunately,
reaity is alittle more complicated than this.

After excitation by a signal, the speaker cone driven by the voice cail produces sound. This membrane
deflection does not correspond purely to piston-like radiation, however, as distortion and resonances
are present in the membrane. The processes that take place between the voice coil and the individual
sections of the membrane and that |ead to the propagation of the sound take a certain amount of time
to elapse; the duration of thisinterval between excitation and sound production depends on the
dimensions of the membrane and the properties of the membrane materias. It is not difficult to see
that this process will be frequency-and location-dependent. Furthermore, it is also evident that, unlike
in the point source model, a speaker diaphragm in the real world consists of sections that are not all at
the same distance from the microphone.

One of the most common suggestions for solving this problem isto treat the voice coil as the acoustic
center, but thisisinaccurate. The question of how to treat the speaker as an acoustic center is
extremely complex, and has been investigated repeatedly in numerous publications ranging from
software user manuals to scientific theses.

4

h MIK

Figure 6.6.7 Phase shift due to differing acoustic path lengths (ASEO).

While this subject is dealt with in detail el sewhere (14)(15)(16)(17)(18), we should remember that:
1. The acoustic center is but one of many factors affecting simulation results;
2. The simulation does not depend on absol ute values but on relative differences between drivers;

3. The crossover has a significant effect on time behaviour.
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6.6.1. Measuring and simulating

To make sure that our ssimulated data bear areasonably close resemblance to real-world results, we
need to make sure that the simulation accounts for measurement conditions and artefacts. There are
two ways of dealing with this:

a. Inaddition to phase and frequency information, other factors such as driver positioning on the
baffle and acoustic centers relative to each other are included in the measured data.

b. Measured datainclude only phase and frequency information from each individual driver.
Other factors such as driver positioning are added or accounted for separately.

This section deals briefly with these two options, using a broad 'cookbook' approach. n.b. All
simulations should be based on two-channel measurements.

Option A
b - onne@ - Conditions for option A are satisfied when all drivers are measured from
ﬂj P the same microphone position. This means that all information
pertaining to sound propagation time(s), phase and acoustic center(s) are

accounted for. The two microphone positions shown here are preferred,
— and farfield measurement techniques should be used. Problems caused
[G s by room size should be dealt with by manipulating the measurement
window and increasing data smoothing.

When exporting the data for simulation, the cursor position adopted for phase and frequency response
measurements must remain the same for al drivers.

Impulse response (M) Zoom 41

425
319
213
1.08
0.00
-1.06

D>

The cursor should be positioned afew
samples before the rising impul se of the
driver with the shortest propagation time
(usualy the tweeter, T). The exact position of

243 the cursor is not crucial, although a point near
j;: =Over the start of theimpulseis preferred to
g minimise phase wrapping. The most
410 4.26 443 4.58 475 ms important consideration is that the position
L5 =5 SN A1 25080V )] 4,220 CHE) should be the same for both drivers.

equal cursor position

Figure 6.6.8 Impul se responses: tweeter (black);
woofer (red).

Datafor the woofer (W) and tweeter are exported as FRD files. No further information is required as
we are working with actual measured phase with both driversin the same reference position relative
to the microphone. Additional data dealing with relative driver positioning are therefore unnecessary.

Exceptions to thisrule include simulation programs that simulate an infinite measurement distance
(e.g. BoxSim). In such cases, driver positioning data may be entered optionally with no effect on the
simulation. Note, however, that acoustic center/path length information must not be entered, asthis
will interfere with the simulation results.

Validation

Although this method should work with any simulation program, the measuring equipment and data
should ideally be validated before the actual simulation. For example, measured data for the tweeter
and woofer should be summed without the crossover using the simulation program, and the results
compared with measured data using both driversin parallel.
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Figure 6.6.9 shows an example using two programs (BoxSim and CALSOD). The measured data are
in perfect agreement with the simulation.

1o FR Magnitude dB re 20uPa/2.83% (smoothed 1/24 ocf)

1ze4e TALEOD fg
T
11848 100.0 /\/‘\ /,\‘\r\/\ A
1e84B b a0 a/ \J
{,.,l"\u-\.p"""\’\ / i H\fu"‘- "’_\‘_’\J
800
9848 ---.H\- 57
8@4E .o
2@84dE B0.0
E@4E s0.0
00 S0 X 2% ok 1ok Zok 100 200 500 1k % sk 10k 20k
Cursor: 1000 Hz, 85.99 dB Frequency (Hz)
BoxSim: Messung vs. Simulstion RP - 40cm, ohne Geometrie, SEO
CALSOD. Simulation = dotted line; measured = BoxSim. Simulation = red; measured = black.
solid line.

Figure 6.6.9 Validation of simulated data.

In order to demonstrate what happens when measurement and simulation conditions do not match,
Figure 6.6.10 shows results for a measurement taken at 40cm compared with a simulated distance of
80cmin CALSOD. Therelative phase relationships of the woofer and tweeter have been affected by
the change in the simulated distance.

- 1204B -
—— T TTTIT 7 CALSOD @ T T TTTTT CALSOD
............ o= i 4 A et
i i =
1104B 4 - - 1 = + - 1104B1 W —— -
10048 ] T — e VR L O - 100ap ] L
oot A | T el
98dB - W |2 e I e I L’G“W_ 9@dB - ./diﬂ"‘ . Mg *.--"’""u”‘_
; |/ : : N A
b i |/ / 7 :
Ha 3 - H A
i H ™. H D
804dB ‘Y/ ‘: ~ 5 [ 8@4B
7@4B - H 7@4dB
6@4B : H 60848
200 580 1% 2k sk 10Kk 20k 200 500 1k 2k S5k 18k 20k

Figure 6.6.10 Simulation at 80cm compared with measurement at 40cm.

The difference between the simulated and measured data is more apparent when the microphoneis
positioned on the tweeter axis (Ieft panel) rather than mid-way between the two drivers (right).

If the measurement and simulation coordinates are identical, option A works perfectly for crossover
development. However, a sufficiently large measurement distance should be used; if the room used
creates reflection problems, it is neverthel ess better to use as wide a window as possible while
attempting to iron out irregularities with additional smoothing.

Note however that applicability of any results obtained in thisway to other measuring distances or
microphone/listening levelsis very limited, as even small changes in simulation coordinates can lead
to significant deviations from reality.

Option B

Thisinvolvesthe use of ' pure’ phase data for each driver, with no information relating to the
propagation time from each source. Acoustic center information must therefore be entered separately.

Acoustic center determination with ARTA

The most basic speaker design approaches assume that each acoustic center isin the same plane. This,
unfortunately, israrely the case. Thereis currently no universally accepted method to address this

Page 115 of 189



ARTA - Handbook

problem —what we are therefore looking for is a workabl e solution that allows us to simulate speakers
with reasonabl e accuracy.

Asarule, the acoustic center is determined directly or indirectly from the measured impul se response.
However, there are also some particular procedures that rely on a combination of measurement and
simulation.

Both single-point and parallel measurements may be used (left). Both methods
arein principle equivalent, but the single-point measurement has the advantage of
reducing the influence of microphone positioning. The difference in delay times
between the driversis accounted for by determining the relative Pythagorean
geometry of the drivers.

Parallel measurement allows for direct measurement of the acoustic centers, and should allow for
improved scalability of measurementsin terms of distance changes during the ssimulation as both
drivers are measured on axis. The parallel method is recommended as overall it isless prone to errors
than the single-point method.

Note that the method described here employs an ' averaging' process for determining the acoustic
center, asit averages out uncertainties introduced by the measurement procedure and by the resolution
of the system. Note also that we are not treating each driver as an 'absolute' acoustic center, but are
using one driver (usually the tweeter) as areference.

Group delay

This method applies the 'Excess Group Delay' function to the planned crossover region. The
measurement window should be sized so asto be as free as possible from reflections. Thefirst stepis
to determine the excess group delay for both the tweeter and the woofer. The first trace generated
should be saved by using the overlay function (Figure 6.6.11, |eft).

Note that the group delay curve shows considerable variation when
o Overey PR \Yes OO the time axis is set at the desired resolution. This can be adjusted

v Magnitude
FR Mat Meamihese for by identifying the difference between the acoustic centers

100 e across awider range than just the transition frequency.

Unwrap Phase For aparalel measurement this can be done directly. 'Delay for
00— 2‘(”(‘:;“;5:::3 Phase Estimation' is adjusted until the curves coincide within the

Excess group delay desired range (Figure 6.6.11, right). The difference in the example
Sound pressure units v| 150.064msec or 2.20cm. The frequency and phase responses for

00— setup export to the simulation must cover the delay of each individual
Time-Bandwith Requirement driver in the region around the crossover frequency.

Excess group delay (ms) - averaged in 1/24 oct. Excess group delay (ms) - averaged in 1/24 oct.
1.3400 1.3400
\ \ A A
1.3200 \.\ = 1.3200 =]
| 1] | RN T
1.3000 N, ad 10 % A
1.2800 \\\‘ 1.2800 T ety shaseematon () | ||
1.2600 TS 1.2600 e
1.2400 \ 1400 e | o |
1.2200 \ 1.2200
1.2000 1.2000
1.1500 AN PR 11800
1.1600 1.1600
1.1400 1.1400
200 300 1k 2k ak 10k 20k 200 500 1k 2k Sk 10k 20k
Curzar: 2004 Hz, 1 443 ms Freguency (Hz) Cursor: 200.4 Hz, 1.379 ms Frequency (Hz)
HT & TT Parallelmessung HT & TT Paralleimessung - GD-Matching

Figure 6.6.11 Excess Group Delay: matching: paralld measurements.
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Phase

Phase and group delay represent two sides of the same coin, and phase can a so be used for the
determination of an acoustic center. One method relies on the approximation of the measured phase to
the minimum phase. 'Minimum Phase' is checked under the View menu, and minimum phaseisthen
stored as an overlay. 'Minimum Phase' is then unchecked, which reveals the normal phase response.
Now, by selecting 'Delay for Phase Estimation’, the phase can be approximated to the minimum phase
by means of added delay. This method should aways give good results when applied around the
crossover frequency.

1800 Phase () - averaged in 1724 oct. 180.0 Phase [7) - averaged in 1/24 oct. |
A A
1240 \ M R a0 % FayivaN W Enter delay for phass: estimation (ms) ?
A EM G A
108.0 1080 \::\ 11799 =l
720 70 % Cancel oK
36.0 ARG 360 b
00 o il P e N
- = Nl —
M .
360} 360
Enter delay For phase estimation (ms) w
STA0 -72.0
- \
1.2423 Lipdat
1020 1 e s \ /\ 1080
14401 Cancel o ' s P}n‘ 1440
-180.0 80,0 ,'1
200 500 Tk 2* 5k 10k 20K 300 =00 M ok ek I 30k
Cursor: 200.4 Hz, 34.7 deg Frequency (Hz) cursor, 3008.1 Hz, 13.1 deg Frequency (Hz)
Woofer delay = 1.2429msec Tweeter delay = 1.1799msec

Figure 6.6.12 Acoustic center determination by minimum phase alignment.

To speed up the process, an initial reference value for the delay can be obtained by setting a window
from the 300th sample to the peak of the impul se response. This can then be adjusted by fine tuning.
Freguency and phase responses for the simulation are then exported with the delay determined for
each driver.

The difference between the two acoustic centers can be deduced from the difference between the two
delay values. In the example shown above, the difference is between 1.2429 and 1.1799 = 0.063msec
or2.17cm.

We see that the two methods described give slightly different results, but this should have no
significant effect on the simulation.

Validation of the acoustic center smulation

Simulated and measured data should also be validated when using option B before simulating
crossovers. Asfor option A, the measured and simulated summed frequency responses should be
compared.

12@dB - CALSOD [ Path difference = 2.2cm
11848 f I i
10aa8 ] ,ﬁ“ -
1 ‘,M\\ “‘/ i e ] Measurement X ¥ z
— 5 Pt Tweeter ZLV,E) = 0,0000 | 0,0000 | 0,0000
Woofer CLV.Z) = 0,0000|-0,130] 0,0000
— WIC Tweeter (0¥, 2 = (0,0000 | 0,0000 | 0,4000
] WIC Woofer G0V, = [0,0000] 0,0000 | 0,4000
7848 J
] i Pl Simulation X ¥ Z
60dE ] 5 Eor Twestet (LY,5) = 0,0000 | 0,0000 | 0,0000
2ea 5aa 1k 2k Sk 1@k 20k Woofer LY. = 0,0000 |-0,1350]-0,0224
MIC V.2 = 0,0000 | 0,0000 | 0,4000

Figure 6.6.13 CALSOD simulation results.
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Figure 6.6.13 shows results obtained using CALSOD. Theright panel show the superimpoasition of the
simulation coordinates over the measured data. The difference between the two acoustic centers can
be seen under the woofer's Z axis. Overal, the smulation looks very similar to the measurements.
While not as good afit as the data shown in Figure 6.6.9, these results are perfectly acceptable as they
vary by only around 1dB.

In contrast to option A, Figure 6.6.14 illustrates what happens when the measured and simulated
coordinates do not match.

12048 7 catsosl  FR & Minimum Phase, path difference =
] : 2.2cm
11848 .
18848 f ; ; I
] i em) L
- ,N - j :"""‘\a._m- Measurement X Y z
] f-u.‘ i x ﬁ" bl Twester (LY,Z) = 0,0000 | 0,0000 | 0,0000
g@an TR, o L Woofer GLY.Z)1 = 0,0000|-0,1350 0,0000
] ; Pl MAIC Twreeter (3L V,Z) = [0,0000] 0,0000 | 04000
7048 ] Lot WIC Woofer (GLY,Z) = [0,0000] 0,0000 | 0,4000
684B ] PoL Simulation X Y z
2@ boe 1k 2K ok 10K 20k Tweeter JLY.D) = 0,0000 | 0,0000 | 0,0000
Woofer (7,7 = 0,0000|-0,1350 | -0,0224
MIC (LY,2) = 0,0000 | 0,0000 | 08000

Figure 6.6.14 CAL SOD: minimum phase with acoustic centres simulated at 80cm.

The simulation is set at 80cm (solid line), while the broken line represents the measured data for
80cm, whereas the measurement was actually taken at 40cm. We can see that agreement is not
perfect, but the data are nevertheless usable and represent a significant improvement over the traces
shown in Figure 6.6.10.

To explore this comparison further, let's see what happens when we place the simulation 10 degrees
above the tweeter axis (Figure 6.6.15).

12848
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Figure 6.6.15 Simulation 10 degrees above the tweeter axis at 40cm.
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BoxSim

We know that BoxSim deals with the Z axis (acoustic center) somewhat differently to CALSOD, so
what happens if we repeat the experiment in Figure 6.6.14?

_ FR & Minimum Phase, path difference=
Moo FR Magnitude dB re 20uPar2.g3v (smoothed 1524 oct) 2 20m
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BoxZim: Messung ve. Simulation MIC (}C,Y,Zj = D,DDDD D,DDDD o

Figure 6.6.16 Simulation results: BoxSim, minimum phase with acoustic centre difference.

Figure 6.6.16 illustrates the comparison between measured and simulated results for a microphone
distance of 40cm. Evidently, the simulation has not worked very well, and the results would not be of
any use. Admittedly, under these circumstance we would probably use option A anyway.

Experimentation with a path length difference of 3.93cm, which matches the propagation time
difference captured by a single-point measurement without geometric correction, gives the results
shown in Figure 6.6.17.

Minimum Phase Match, SEO = 3,93 cm

FR Magnitude dB re 20uPar2.83v (smoothed 1524 ocf)
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e
/ /-V\\ / Measurement X Y Z
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\_\/ Woofer CLV.Z) = 0,0000]-0,1350] 0,0000
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Simulation X Y Z
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80D Woofer GLY,Z) = 0,0000 | -0,1350 [-0,0393
200 00 1k 2k gk 10k 20k —_
Cursor: 200.4 Hz, 3574 oB Freguency (Hz) MIC (}(’Y’Zj — D’DDDD D’DDDD =

Einpunktmessung, MinPhase Match, Pos 1a
Figure 6.6.17 Simulation results: BoxSim with matched minimum phase.

We suggested earlier that BoxSim would cope better with measured data taken on each driver axis. To
test this, Figure 6.6.18 shows results for a simulation based on parallel measurements. The two traces
match perfectly. Positional datafor each driver on the baffle were not entered, as this would influence
the results in terms of diffraction effects only.
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FR & MinPhase M atch, path difference =
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Figure 6.6.18 Simulation results: BoxSim, parallel measurements, target minphase with acoustic path
difference.

Summary

Therealism of a simulation depends on the quality of measured data, which must accurately reflect
the speaker setup and measurement conditions. Neither nearfield measurements, nor conditions
allowing the effects of the room to predominate, are ideal for this.

The simplest way to carry out measurements and process the datais to make sure that the
measurement and simulation coordinates are identical (option A). Measurements for woofers and
tweeters are performed from a single reference point, and the distance from the source to the
microphone should not be excessively short. Frequency and phase responses for export should be
processed with the cursor in the same position for all drivers. The only drawback is that the data will
have only very limited utility for simulations involving other distances and heights.

Option B is more flexible in this respect. For simulation, the acoustic path difference in addition to
frequency and phase response datais heeded. The relative acoustic path difference should be
determined using parallel measurements and averaging, as this gives results with the least error. The
FRD files for export should be as free as possible from running phase (which leads to excessive phase
wrapping), so use either minimum phase or match the cursor position to determine the difference
between acoustic centres.

Despite great care being taken during measurements and data processing, the characteristics of the
loudspeaker (size, driver separation, location on baffle, driver type, etc.) and the distance used for
measurement can still be associated with errorsto a greater or lesser degree. Before running a
simulation it is always worth validating measurement data against the conditions to be simulated.
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6.7. Scaling and splicing of near - and farfield measurements

For further simulation analysis, full response information (amplitude and phase) is required. Near- and
farfield measurements have to be combined to achieve this. The processisillustrated in the following
two examples:

() a2l closed box with a Visaton FRS8 full-range driver;
(i) an 8L bass reflex enclosure with a5" driver.

6.7.1. Closed box

1) Takeanearfield impulse response measurement.

Impulse response | YY)

212

o

1.4

1.06 N

0.53 I

0.00 g e

-0.53 |

-1.08 |

-1.54

-212

0.an 2112 427 G.40 8.54 ms
Cursor 3.835mY, B.146ms (299

Figure6.7.1 Nearfield impul se response.

Place the cursor (yellow line) at the beginning of the impul se response to obtain the correct phase
relationship. Take care, however, as placement of the cursor too close to the impulse peak will result
in loss of information. It is better to place the cursor further back and later apply delay correction if
necessary. With the cursor (left mouse button) about 1msec before the first pulse, place the marker
(right mouse button) precisely on the pulse maximum and click 'Get' next to 'Delay for phase
estimation’ on the top menu bar.

Delay for phase estimation (mz] |0.638 | Getl =1 ] | [ e |
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To get the frequency response, click on —

Under 'View', tick 'Magn+Phase'.

The frequency response and phase will be shown in the chart

thus generated.

A driver of diameter approximately 6.4cm will have a usable
nearfield response up to about 900Hz (Figure 6.7.2).

Phase (*)

- FR Magnitude dB VW (zmoothed 176 oct)

15.0 e L 7\ i %
BRIV TR

/ V| Aa/ Y

/S YV

(R}

50 //
100 180.0
150 / _-h—‘h\\ L a0.0
200 F‘/ \\\‘—— ______/\‘\wh | o0
250 -90.0
=300 -180.0

20 50 100 200 00 1k 2k Sk 10k 20k

Curzor: 895.0Hz, 14 26 B, 7 6 dey

Freguency (Hz)

Figure 6.7.2 Nearfield frequency response. Usable range is marked by the cursor.

2) Correct the nearfield frequency response to the farfield measurement distance. ARTA provides
two options for doing this.

A) In the 'Smoothed frequency response' chart, click on 'Edit, then 'Scale level'. Enter the dB

level differenceto align the traces.

Apply ascaefactor: in the ARTA main menu
click 'Edit', then 'Scale amplitude'.

The correction factor (2Pi) is calculated as

FF = 20*log (al/2d),

where a= speaker radius;
d = measurement distance.

Thus, if a= 3.18cm and d = 48cm, the
correction factor FF = —29.6dB.

B) ARTA Main menu via Edit > Scde

Pir Scaling @

Enter number or arithmetic expression to scale PIR:

| 31BN 248

Cancel ‘ (04 |
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3) Apply the baffle step correction. Thisis a special feature of ARTA that is described in more detall
in ARTA Application Note no. 4 (2).

The baffle step correction is found in the 'Edit' menu in the

smoothed frequency response. Enter the shape of the

= enclosure and its dimensions and click 'OK". A chart
similar to Figure 6.7.3 will be generated. Note that the

curve is stored as an overlay.

LF Box Diffraction @

Box Form |Rectan-;|ular
Baffle width {con) | 12.5

Eaffle height (crm) | 22.5]

Cancel ‘ (04 |

o0 FR Magnitude dB & (smoothed 1724 oct)

o~
N4 Al
el ]

= dmx

-E0.0
-F0.no
20 a0 100 200 a0 1k 2k 3k 10k 20k
Curzor; 202 Hz, -SB.53 4B Freguency (HzZ)

WISATOM FRS 8, Mahfeld mit Baffle Step Korrektur

Figure 6.7.3 Nearfield frequency response with baffle correction (black).
4) Load or measure the farfield frequency response.

Open the impulse response file and set the gate with the yellow and red markers.
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Impulze response (MWt

32.98

o>

24.74

16.44

0.00 L lll‘.‘wh‘n'".r'-""'"l' '.'MW mamjll‘nl‘nlr.m A I|\ I P O .Y

-16.49

-24.74

-32.98

3.04 5.80 a.08 10.60 1312 ms
Cursor -1.993 mY, Y.A00ms (360) Gate: 5146 ms (241N

Figure 6.7.4 Farfiedld impulse response at 48cm with gating.

Note the proximity of the floor and ceiling reflections, which demonstrates the accurate positioning of
the speaker at very close to half the room height.

The gate length is shown under the impul se trace. 5.146msec corresponds to a sound travel distance of
1.77m, which isin agreement with the theoretical prediction based on the example given in the last
chapter.

FE

A preliminary look at the resulting frequency response trace = shows that the level adjustment
has worked well (Figure 6.7.5).

0 FR Magnitude dB VW (zmoothed 176 oct)

100 'h%
150 V! VAV AN
200 Fa \ \ ‘*
250 7 \I \vﬂ IJ/ \A
-30.0 4
-350 / /
400 _____,./ /
450 /
-50.0 /
5510 /

20 S0 100 200 o0 1k 2 Sk 10k 20k

Curzor 1124 2 Hz, 1643 dB Freguency (HzZ)
Fernfeld (43cm) und Mahteld mit Batfle Step Korrektur

Figure 6.7.5 Near- and farfield raw frequency response.
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Now we can determine the transition frequency, or the point where the near- and farfield traces are to
be spliced together. In the above example, we would splice at around 240Hz.

e Views Smoothing  Owverlay Place the cursor (yellow line) over the desired transition
Copy frequency and go to the drop-down menu under 'Edit'.
Calare Click on 'Merge overlay below cursor'. The nearfield response
that has been defined as an overlay is added to the | eft of the
Cuk below cursor cursor, while the farfield response is erased in this areawhile
Cut above cursar continuing to appear to the right of the cursor (Figure 6.7.6).
Scale level Use the options under the 'Overlay' menu to delete any remaining

overlaysto see the overall frequency response. Thetracein Figure

Subtract overly 6.7.6 shows a clean transition with clear phase response.

Subtract From overlay

Power average ovetlays

Merge overlay below cursor

Merge overlay above cursor

0 FR Magnitude dB ¥ (smoothed 176 act) Phase (%)
A
100 HL$
s N m_/\/\ A
| A~ ’
200

250 /
-30.0 f

-35.0 / 1800
-40.0 7\\ WA ann
‘\."'__'\'—"\.

-450 ﬂ_""...-"'w an
-50.0 / -a0.0
-55.0 1800

20 S0 100 200 &00 1k 2k Sk 10k 20k

Cursor; 19227 Hz, -12.96 dB, 9.1 deg Frequency (Hz)
Guasi-Freifeldfrequenzgang

Figure 6.7.6 Overall frequency response (quasi-farfield).

To export the spliced frequency response to asimulation program, go to 'File', 'Export ASCII. This
gives two options:

e Export asan ASCII file (with comments, etc.);
e Exportin FRD format (ASCII file with no headers or comments).
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moothed frequency response (96cm. pir)

dit Wisw Siroothing  Owetlay

_‘__! Top.
i FR Magnitude dB Y (smoothed 143 oct) Fhase (7] 1 - _Fit |
Fange
e ™ R B

200 :
L A T2 VA
250 : Smoothing

=300 ks |1£3 "vi

=50 /," 1 ': Press OK iF you want export in plain FRD Format!
-40.0 ,/
/ OF I Abbrechen
45.0 ’______ S 180.0

™ ™
500 d \'\ i3 ano Copy |

Y
- %
-55.0 (/ o = S 0o ﬂl
/| \‘"\.._.-—--\ \ High Fr
0 4 "~ =0 =iley
-65.0 = -130.0 Low Fr

100 000 10000, ;J_.}_I

Cursor: 2070 Hz, -24.99 4B, 4156 deg Frequency (HZ)

N

Figure 6.7.7 Exporting the combined frequency response.
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6.7.2. Bassreflex enclosure

A bass reflex enclosure consists of two sources. the speaker cone and the port.

In the following example, port diameter (DP) = 4.80cm and
the effective diameter of the speaker diaphragm (DD) =
10.20cm.

Figure 6.7.8 shows the positioning of the microphone for the
driver membrane and the port. The distance used should be
chosen to keep errors <1dB, the (see Struck & Temme (6) or
Section 6.4).

Port = 0.26cm;

At Speaker cone = 0.56cm.

Figure 6.7.8 Measurement
positioning.

Figure 6.7.9 shows the impul se responses of the membrane (black) and the port (red). The port
impulse has a delay of approximately 0.72msec (24.72cm) relative to the microphone.

Impulse response (my)

0

i VRIS
I
0495 v U y
1.88
-284
378
1.67 3.30 4.94 6.57 8.21 ms

Cur11. 4810V (-1.5900), 3.188ms (306)

Figure 6.7.9 Impul se responses of driver membrane (black) and port (red).
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1350 FR Magnitude dB re 20uPa/2.83% (smoothed 1/24 oct)

130.0 / ,M_r\.‘ o lon ﬂ
/LA RN
AN N n

o AA LN N Ty
100.0 // \\)l

o/ PR
490.0 {VV\
g5.0 { “

Cursor 655 Hz, 128.20dB Frequency (Hz)
Yent & Membrane

o

Figure 6.7.10 Membrane and port nearfield responses without level correction.

Figure 6.7.10 shows the nearfield response of the membrane and the port. The setup with the 5" driver

in Figure 6.7.8 (RD = 5.1 cm) has a usable nearfield response up to around 500Hz. For the sake of
clarity, higher frequencies are not shown.

The differing microphone positions as shown in Figure 6.7.8 necessitate alevel correction.

Pirscaling || The correction factor is:

PNF = PD+(SP/SD)%° * PP
PNF = nearfield level; PD = driver level; PP =

Enter number or arithmetic expression to scale PIR; port level.

SP = port area (18.01cm?); SD = driver
(18.01/82)0.5] membrane area (82.00cm?).

Figure 6.7.11 Entering the scaling values.

Cancel | (0] 4 I
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1350 FR Magnitude dB re 20uPa/2.83% (smoothed 1/24 oct)

A,
F
1300 T
A
1250 ﬂ
1200 //" 7/"_“_"—__"“"‘"“"—\!’\_#-\‘_\"“ e,
\ N
NN T
1100 / \l \
105.0 / o \ j\)
u/ S A
ol el [
ga.0 N
10 20 a0 100 200 a00 1k 2k ak
Cursor. 695 Hz, 121.70dB Frequency (Hz)
SPLent- 6.5dB
Figure 6.7.12 Nearfield membrane and port responses with level correction.
FR Magnitude dB re 20uFa/2.83% (smoothed 1/24 oct)
1300
A
H
1250 T
/74 A
1200 // /< —
EREY7 WA ik,
e ALY
4N ~, W
ol L\ T
Y, AR AR T
g0.0 \
10 20 a0 100 200 a00 1k 2k ak
Cursor: 101 Hez, 83.27 dB Frequency (Hz)
summe

Figure 6.7.13 Summed freguency response (black).
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Use 'Load and sum' to get the combined nearfield frequency response (Figure 6.7.13). The response

up to around 500Hz can be used in this setup.

950 FR Magnitude dB re 20uPa/2.83Y (smoothed 1/24 oct) Phase ()
A
R
90,0 A T
A
850 i

i

700

B5.0 t\ 1800

60.0 ann
L
550 ‘—"‘"“‘,,M TN T
(g
500 -a0.0
450 -180.0
20 a0 100 200 400 1k 2k Ak 10k 20k

FR Magnitude dB re 20uPa/2.83Y (smoothed 1/24 oct) Phase (%)

s N
[ T g e
115.0 / \! \“‘\}I l\[{ \
| \
o 1y e
a0.0 S \ I
85.0 (\/ T ‘H\‘—/\ h:ﬁ N
80.0 i \,\/\M,\/‘ \J -180.0

20 a0 100 200 500 Tk 2k 5k 10k 20k

paimlah g

Cursor: 1433.5 Hz, 81.66 dB, £.4 deg Freguency (Hz) Cursor: 38859 Hz, 113,93 dB, -24.2 deg Frequency (Hz)
Fernfeld (kalibriert) MNF Summe & Fernfeldmessung
a) Farfiled, calbrated b) Near- and farfield without level correction
FR Magnitude dB re 20uPa72.83Y (smoothed 1724 oct) Phase (%) FR Magnitude dB re 20uPa2.83% (smoothed 1/24 oct) Phase (%)
950 n 95.0 A
R R
90.0 T a0.0 T
A A
850 a5.0

200 /—
ool Ra Vil
700 / \l \J

—T =T,
|
—

. MARRN T
/ oMl

—Jﬂ,
| —

B65.0 1800 16800
BO0.O // \ QH/-\ 900 60.0 // \ \‘\}v-\ 80.0
550 L 0.0 55.0 fon 0.0
L i (MY Y A Bl MY I
500_// T -80.0 50.0 7 / i .a00
450 -180.0 450 -180.0
20 a0 100 200 400 1k 2k Gk 10k 20k 20 50 100 200 a00 Tk 2k Sk 10k 20k
Cursor 17311 Hz, 7892 dB,-12.3 deg Freguency (HZ) Cursor 200 Hz, 3852 dB,-1121 deg Frequency (Hz)
korrigierter NF Pegel & FF MF mit LF Box Diffraction Korrektur
. . . . . . ”
c¢) Near- and farfield with level correction d) Nearfield with , Baffle Step Correction
950 FR Magnitude dB re 20uPa/2.83Y (smoothed 1/24 oct) Phase () 50 FR Magnitude dB re 20uPa/2.83Y (smoothed 1/24 oct) Phase (%)
A A
R R
90,0 A T a0.0 T
A A A
850 Nﬂv \ 850 th \
s0.0 /__ — 80.0
Tan / -U“ \ 75.0 / U" \
700 / l'\ 700 / L
B5.0 / 1800 B5.0 / 180.0
60.0 / a00 60.0 90.0
bt N / e N
5500 g g B 55.0 Y P 00
50.0{7 / -80.0 50007 / -a0.0
450 -180.0 45.0 -1800
20 a0 100 200 400 1k 2k Gk 10k 20k 20 a0 100 200 500 Tk 2k 5k 10k 20k
Cursor; 2420 Hz, 79.36 dB, 42.4 deg Freguency (Hz) Cursor: 242.0 Hz, 79.36 dB, 42.4 deg Frequency (Hz)

Merger NF & FF

e) Near- and farfield, Merge Overlay

Quasi Freifeld FR

f) Quasi- Freefield Frequencyresponse

Figure 6.7.14 Modédlling of the quasi-freefield frequency response for abass reflex enclosure.

We 4till need the farfield response to model the compl ete quasi-freefield response. The procedure for
thisisshown in Figure 6.7.14. The level adjustment (panel ¢) is carried out as described in Section 6.6
(final visual fine tuning). Remember to apply the baffle step correction to the nearfield frequency
response (panel d). Then splice the near- and farfield responses by using ‘Merge Overlay'. In the
above example the spliceis applied at 240 Hz (panels e and f).
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L evel matching using the volume flow method

90,00 T

80.00 : Y SuL AR
10T //:_\:,:::
70.00 7“2

P :
g0.00 [ ==" /

50.00 : /,
10 Hz 20 50 100 200 500
Figure 6.7.15 L SP-Cad simulation.

This method assumes that, at frequencies well below the tuning frequency, the port response
approximately matches the speaker level (see Figure 6.7.15). Note that at these very low frequenciesit
can be difficult to achieve smooth frequency responses, however.

1300 —— 11+ —1 130.0
125.0 125.0

"f-‘-_n—_‘-\iw
1200 1200 LT

VLA
oA LTI N

I S ki
ol || | wall |

85.0 85.0
10 20 50 100 200 10 20 a0 100 200

115.0

1100}

105.0

100.0

Figure 6.7.16 Displacement method implementation in ARTA.

The port response must be reduced asin Figure 6.7.16, left blue arrow, until it matches the lowest
portion of the driver response (see Figure 6.7.16, right).

In the example, the required adjustment is

approximately —6.5dB. Thus, the port level must be
corrected by 10°%%% via'Pir scaling’. The rest of the
Enter number or arithmetic expression ta scale PIR: procedure is as described earlier.

| 10°(-6.5/20)]

[ Caniel l [ QK
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6.8. Load and Sum

The 'Load and Sum' function receives only cursory attention in the ARTA manual, and is hard to find.
In ARTA, the overlay function is able cache any number of individual frequency responses(as already
been described (Figure 6.8.1).

. FR Magnitude dB YrY (smoothed 1724 oct)

o
[ )
= — o

. ,ﬁv\.ﬁa/“’\.\\
| LT W N

- ‘\_/’_\/\lu / -\-\

-G0.0
100 1000 10000

Cursar: 3471.1 Hz, -24.25 dB Frequency (HZ)

Figure 6.8.1 Preparation of 1 to n frequency responsesin ARTA.

What if we wish to create a summed frequency response from measured or imported individual
frequency responses?

& 96cm. pir - Arta
#=8 Edit Wiew FRecord Analysis Setup Tools Mode Help

New il g [ TG RS Y e | &
Qper... Chrl+0 ;
Sape CEeS lay for phase estimation [me] |0.000 Get | | Zem
5 As. ..
e hdarker
Info ]
Set| Del
Expart... 4 A “_I T
R
Import... » T o
; e (eSS Offzet
Load and sum * | Ml
1 6cm, pir | iy
2 NF.pir s
3 Ciicalsod),, \MKZ21-A-CAL. pir | | | FIE M
4 Cicalsody, . \MBSS0-A-CAL. pir I\ ] Min
fd L, ) ||
Exit LiL ol o TR Pk Zaom
-8.978 al Al
i Mar:‘
-17.956 i
IR.ET4 Scroll
4 L4
-35.913
279 .31 7.85 10.40 12.54 ms
Cursor -3.412mY, 8879 ms (431 Gate: 4167 ms (200)
Loads pir and sum with existing L:-28.2dB |R:-19.6dB Impulse Respanse

Figure 6.8.2 The ARTA File menu
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There are two options:

e Export ASCII data and combine frequency responsesin a simulation program.
e Sumdirectly using 'Load and Sum' in ARTA.

'Load and Sum' loads a previously saved PIR file to the current signal record. This meansthat it is
possible to combine ARTA datain the time domain.

The details are exactly as described in the ARTA manual:

e First measure or load the PIR file (e.g. tweeter).
e Load apreviousy saved PIR file with 'Load and Sum' (e.g. woofer).
e Anayseoverall response using ==

The result will be the sum of the individual frequency responses (Figure 6.8.3).

% FR Magnitude dB VIV (smoothed 1/24 oct)

T ain. SRS~ O

. T WL LN

250 ——/-"ﬁ) \-/-\\KJ i

LAYV

- / VW
A

»—D>

\
)

100 1000 10000
Cursor: 268.0 Hz, -17.16 dB Frequency (Hz)

Figure 6.8.3 Load and Sum with two individual frequency responses.

Rather than the summed trace expected, you may see something like the above. This happens because
ARTA aways sums the newly loaded impulse with the data in its memory. To avoid this, it is better
to go to 'New' in the File menu and clear the memory. Then:

o Load afile (e.g. for awoofer) as normal with 'Open’;
e Loadthe second file (e.g. tweeter) with 'Load and Sum'’;
e Thefinal combined analysis will shown asin Figure 6.8.4.
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150 FR hMagnitude dB % {smoothed 1/24 oct)

-65.0

o0

File Edit
o r

ﬁ\f"

LT

= — o

TN

YT/

N\

i

L\

1000
Cursor: 2¥9.5 Hz, -54.26 dB

10000

Figure 6.8.4 Summation with ARTA (previous memory deleted).

Note that tweeter polarity, however, isnot correct. To fix this;

Clear the memory with 'New' as above;

Load the tweeter file as normal and use 'Inv' to invert the phase;

Wiew Record  Analysis

b b
Ine Frz Fri Sea

Setup  Mode  Help
| =0 =

=3 R 0 R R

Frequency (HZ)

ol |

FFT 22768 | “Window |Uniform  « | Delay for phaze estimation [ms) |3.563 Get| Eerul Irwl

L oad the woofer file using 'Load and Sum'’;

The result should resemble Figure 6.8.5.

150 FR Magnitude dB 7 {smoothed 1/24 oct)

-65.0

o0

_.—-==="’,’

= — o

P %

TN

N\

TN/

/

L\

1000
Cursor: 279.5 Hz, -22.26 dB

10000

Figure 6.8.5 'Load and Sum'’ with inverted tweeter.

Frequency (HZ)
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6.9. Working with targets

Targets, or objective function, are useful for developing crossovers, determining baffle effects and
confirming simulations.

[E' smoothed frequency response (Untitled E Untitled - Arta

File | Overlay Edit View Smaoothing File Overlay Edt View Record Analysis Setup Tools
. Setas overlay Chrl+& n 7 |;|IHP Fr2z Fr1 Spg| 1 3 I:ﬂ P~ |

Set as overlay Below cursor
Set as overlay above cursor

Target responses are found under 'Imp' in 'Smoothed
Freguency Response' and as shown on the left in the
'‘Overlay' menu.

Load ovetlays
Save averlays

Common standard filter functions can be generated using
'‘Generate target response, or by using 'L oad target
response' to load afile generated by third-party software
(txt and frd files are accepted). 'Del ete target response’
erases all displayed targets.

Manage overlavs Ckrl+M

Delete lask overlay
Delete all overlays

Generate target response
Load target response

Delete target response

Standard filter functions

Target Filter Response | X

The Target Filter Response' window
opens when you click on 'Generate

Reference passband sensitivity: IO [dB] filter response' in the 'Overlay’ menu.
Y ou can select thefilter type (low-,
~Filter type : high- or bandpass; Butterworth,
s R Bessel, Linkwitz-Riley), the filter
[V Low - pass 02, Butterworth - II order . }
03. Bacsal - IT ordar order and the transition frequencies.
. 04. Linkwitz - IT order Click 'OK" to plot the target function.
™ High - pass 0S. Butterworth - III order )
™ Band 06. Bessel - 111 order The process can be repeated (Figure
Sl 07. Butterworth - IV order 6.9.2), and all targets generated
08. Bessel - IV order . : S
09, Linkwitz - IV order remain af:gve until ‘Delete target
~Crossover frequencies—— | 10: Butterworth - V order response' is used. Note that selective
1 ; . gessel -V cuhrcierI " deletion of individud target curvesis
12. Butterworth - VI order i
13. Bessel- VI order not possible.
14. Linkwitz - VI order

Upper: | 1000 [Hz]

Cancel

Figure 6.9.1 Target Filter Response’ window.
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. FR Magnitude dB re 20uPa/2.83V (smoothed 1/24 oct)

10 "
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0.0 | A
. _'_‘_-_'-“"'--..‘_
50 | ‘*\i-\
-10.0 S
15,0 \\ N\ |
' W
-20.0 \|\ \ 3
-250 "\ \ \ i ~}
-30.0 \k\ A ‘
-35.0 \ \ \ |
-40.0 " = : L
20 50 100 200 500 1K 2% 5k 10k 20K
Cursor: 20.1 Hz,-64.64 dB Frequency (Hz)

Target- 1000 Hz LP 1st- 4rd Order

Figure 6.9.2 Target examples: filter functions with differing orders.

Standard filter functions can be useful in the development of crossovers. Y ou choose the desired
target function and then vary filter componentsin order to fit the target (Figure 6.9.3).

95.0

90.0

85.0

80.0

75.0

700
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45.0

FR Magnitude dB re 20uPa/2.83V (smoothed 1/24 oct)

e —

e " .

=

—0F

200

Cursor: 200.7 Hz, 92.47 dB

500

1k

2k

5k 10k
Frequency (Hz)

Figure 6.9.3 Target and measured frequency response of a crossover.
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In modes FR1 and FR2, this can be done in a dynamic fashion, which is very effective when using
variable inductors and capacitors.

s Smoothed freq - (ol x|
4
Phase (%) - averaged in 1/24 oct
180.0 0 2 - A = ]
' R | Range
144.0 L <] set|
108.0 Xff— S g—t—1— [1724 =]
Enter delay for phase estimation (ms) . ™~
720 - -
3635 =1 [ Update
! = [Ltpoee |
36.0
Cancel | oK |
0.0 = -
-36.0
-720
-108.0
-144.0 High Fr
]| e
_180'200 500 1 2 5k 0 Laple
5 ¥ 98 =
Cursor; 200.4 Hz, 29.8 deg Frequency (Hz)
Mag | mee |[Ph - od | Record | overlay | Bw | copy |

Figure 6.9.4 Target and measured crossover phasing.

Targeting can also be applied to the phase response (Figure 6.9.4). Target functions can be used in
conjunction with phase estimation ('Edit’, then 'Delay for phase estimation’).

By adding delay, the measured phase can be approximated to the target function (Figure 6.9.5). The
source data remain unchanged, and the added delay istaken into account when the data are exported.

Fhase (") - averaged in 1/24 oct Fhase (") - averaged in 1/24 oct

FPhase (") - averaged in 1/24 oct
1800 1800 1800
1440 é 1440 é 1440 i ';
1080 N L W Wi~ 1080 AN \ T 1080 V7
720 N VAL (8 720 \ * 720 TR
0 N AR 0 \ il 0 \
. \ A AR . \ VA 0 \
360 [ . | VU 360 A VA 360 |
720 A=A | 720 \ VIEAA 720 .
080 \ U | 080 \ VA -108.0 ™~
1440 N \ \ I 1440 ~\ WY 1440 ™
800 800 -180.0
200 500 1k % sk 10k 200 500 1k % sk 10k 200 500 1k 2% sk 10k
Cursor: 200.4 Hz, -68 6 deg Frequency (Hz) Cursor: 2004 Hz, 3.6 deg Frequency (Hz) Cursor: 2004 Hz, 29.8 deg Frenuency (Hz)
Ohne Delay 1 ms Delay 1.3839 ms Delay

Figure 6.9.5 Target and measured phase with 0.0msec, 1.0msec and 1.3639msec delay.

L oading your own tar gets

If the desired target cannot be mapped with the standard functions, you can import your own using

'Load target response’. Exported datafrom all known simulation programs (TXT, ZMA and FRD) are
accepted.
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Below is arepresentation of typical frequency and impedance responses. The data are |oaded either
from LIMP or asazmaor atxt file into an existing frequency response via'Overlay' and 'Load
impedance overlay'.

ric" Smoothed frequency response {Untitled) = II:Ilil

s
File | Qverlay Edit Wiew Smoothing

Set-as overlay Chrl+A Top
Set as ovetlay Below cursor . =
smoothed 1/ oct Ziohm j i
Set as overlay Abiove cursor ; ( ) ( : a0 i il
A
Range
Load ovetlays | R i b 2 4
— BY.A
Save aveflays /"" -\J'L ﬂ Sek |
Manage: overlais CEpl4 K B0.d Smoothing
Deleke last overlay 525 3 X
Delete all overlavs Ji { 58
‘Generate karget response \
Load target response v =T ars
Deleke barget response
1 30.0
Load impedance overlay i
Deleke impedance overlays \ — 224
54.0 /j \\ / \ 15.0
High Fr
50.0 i izl
___.———""" U ‘-‘""‘--._ i 4 I > I
45.0 0.a Low Fr
10 20 a0 100 200 a00 Tk 4 I b I
Cursor; 10.0 Hz, 57.75 dB Freguency (Hz)
I Mag = M+P I Ph | tad | Record | Cvetlay | Bl | Copy I
4

Loading of the impedance overlay opens up asecondary Y -axis. This can be manipulated in '‘Graph

setup'.
B

—Magnitude (dE)——— Phase {deq) —— [~ Group delay (ms)
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Figure 6.9.6 Representation of typical frequency-and impedance response:

(top) tweeter, (below) bass reflex enclosure.
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The second set of illustrations deal with verification by measurement of a CALSOD bass reflex

simulation. In thisillustration, the speaker and enclosure parameters are determined from impedance
measurements on the prototype.

Withold Waldman presented this method in 1993 at the AES Convention in Munich (19). Figure 6.9.7

shows the impedance curve before and after parameter optimisation with CALSOD (dotted line =
measurement ;-dashes = simulation).
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Figure 6.9.7 Determination of Thiele-Small parameters from the impedance curve of a bass reflex
speaker with CALSOD. Before (left) and after (right) parameter optimization.
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Figure 6.9.8 Parameters derived from the cal culated frequency response.

Figure 6.9.8 shows the calcul ated frequency response for the measured prototype. The parameters
required for this were calculated from the impedance response. Figures 6.6.9 and 6.6.10 show

comparisons between measured (black) and simulated (red) datafor two different enclosures and
tuning frequencies.
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Figure 6.9.9 Comparison of simulated (red) and measured (black) responsesfor Vb = 18L.
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Figure 6.9.10 Comparison of smulated (red) and measured (black) responsesfor Vb = 31L.
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Thethird set shows a simulation of a 1M long transmission line (TL) to be verified by measurement.
The simulation was carried out using AJHorn 5.0 (www.gj-systems.de) by Armin Jost, with the data
then being exported (Figure 6.9.11).

i

105
g8
i
B3

bE -

20 50 100 200 500 Tk 2k
-_x_l Frequenz [Hz]
Figure6.9.11 Smulation of alm TL in AJHorn 5.0.

Nearfield measurements for the speaker membrane and the end of the TL were calculated using the
combined volume flow method in Section 6.7.2.
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Figure 6.9.12 Imported target function (red) and measurement (yellow).

Figure 6.9.12 shows good agreement between the simulation and measurement. Figure 6.9.13 shows
the effect of damping of the end of the TL.
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Figure 6.9.13 Effect of TL damping.

Comparison of the measurement and simulation gives an idea of the impact of the damping action on
the AJHorn variables 1 and 2.

Fourth is the verification of a baffle effect simulation using 'The Edge' (www.tolvan.com/edge). Note
that The Edgeis able to export simulated data.
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-10.0

200 a00 1k 2k ak 10k 20k
Cursar 201.9 Hz, Y050 dB Frequency (Hz)

Figure 6.9.14 Baffle effect: Edge simulation (red) and measurement (black).

As an extra, Figure 6.9.15 shows the measured data (blue) corrected using the Edge simulation
(green). Thered curve thus represents the sound pressure without baffle effects, which roughly
corresponds to the measurement on a standard baffle. Note that these results will apply only for the
same measurement position.
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Figure 6.9.15 Correction of influence of the baffle for a specific measurement position (n.b.
Korrektur = correction).
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6.10. Electrical measur ements on crossoverswith ARTA

Electrical measurements in addition to acoustic measurements are useful in crossover development.
Note however that this section does not deal with crossover design.

As mentioned previously, caution is advised when making electrical measurements. Use a multimeter
to measure the voltages at the crossover and protect the soundcard with a voltage divider (Chapter 5).
Figure 6.10.1 shows the electrical test setup: the probe with its voltage protection is shownin red on
the left, while the circuit implementation is shown on the right. It is possible to use the microphone
input of the ARTA Measuring Box — depending on the input impedance of the card, thiswill add
approximately 0.5dB of attenuation to the effect of the voltage divider.

o]
S

~(@=(0)

By
L

v—@m@ =

Figure 6.10.1 Setup for electrical crossover measurement.

The voltage divider shown in Section 1.4 should be suitable under normal conditions. With 1W input
the voltage at 8 Ohms will be U=11.8=2.83V..

The PassFil program offered by Bullock & White (http://users.hal-pc.org/~bwhitejr/) is recommended
for those who wish to examine voltage and current in crossovers. The following example shows the
mean PassFil voltage curve in a highpass 2-way crossover at 15W (note that thisis close to the limit
of the capacity of the 1:10 voltage divider).
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Figure 6.10.2 Voltage curve in crossover components as shown by PassFil.

Page 145 of 189



ARTA - Handbook

Figure 6.10.3 shows the frequency response of the tweeter without (red) and with (blue) the crossover.
The crossover is very simple, with only a 6.8uF capacitor. Neither the amplitude response nor the
measured slope resembl e afirst-order filter, however. The high acoustic slope is explained by the
superposition of the electric filter on the acoustic highpass of the tweeter. Although the slope should
be 6dB + 12dB = 18dB per octave (Q = 1.6, f = 1400Hz) it is closer to 24dB/octave (see also
simulation in Figure 6.10.4). Thisillustrates the pitfalls of relying on formulaic assessment of
Crossovers.
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Figure 6.10.3 Frequency response with/without a 6dB crossover.
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Figure 6.10.4 6dB crossover smulated with aresistive load.
(_ tweeter (Q=1,6), _ _ Filter 6dB, .... Filter + tweeter).

Page 146 of 189



ARTA - Handbook

The difference is due to the two acoustic frequency responses (see Figure 6.10.5), the result of which
is (except for the peak at about 1.2kHz) an apparent filtering effect of 6dB/octave.
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Figure 6.10.5 Variance from target response with 6dB crossover (acoustic). Differenz mit/ohne
Weiche = Difference with/without crossover.

Suppose now that the signal is not coming from the microphone but (as shown in Figure 6.10.1) from
the crossover viathe probe. The electrical filter effect is clearly 6dB/octave (Figure 6.10.6). The peak
at 1.2kHz seems to be due to the interaction of the tweeter (grey) with the capacitor in the crossover.
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Figure 6.10.6 Amplitude response with 6dB crossover (electrical).
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What happensif we add a paralel RLC compensation network?

Figure 6.10.7 shows the acoustic response compared with the circuit without
the RLC network. The interaction of the tweeter resonance and the capacitor
has been almost eliminated.

Theresponse is now first-order (Figure 6.10.8).
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Figure 6.10.7 Response with/without RLC network (acoustic).
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Figure 6.10.8 Variation from target response with 6dB XO + RLC network (acoustic).
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Checking again, we see that the 1.2kHz peak was significantly reduced but not eliminated. The RLC
network is not optimal.
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Figure 6.10.9 Amplitude response of 6dB XO + RLC network (electrical).

What can be achieved by further optimisation of the RLC network? Figure 6.10.10 shows the
electrical filter response (black) virtually superimposed on the 6dB target. The amplitude peak (red) at
the resonance frequency has been eliminated.
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Figure 6.10.10 Amplitude response with 6dB X O + optimised RLC network (electrical).
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Figures 6.10.11 (acoustic) and 6.10.12 (electrical) show the optimisation of the RLC network.

Trace (Figures6.10.11 & 6.10.12) R (ohm) L (mH) C (uF)

Blue 8.2 1.17 27.0

Green 8.2 1.17 17.0

Red 8.2 1.17 133
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10.11 Amplitude and impedance response of optimised RLC network (acoustic).
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Figure 6.10.12 Amplitude and impedance response of optimised RLC network (electrical).

This example shows how electrical crossover measurement can yield additional useful information. It
is therefore worth having the probe illustrated in Figure 6.10.1 in your measurement Kit.
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7. Special measurements and examples
7.1. Measurement of harmonic distortion with a sine signal

Although not fully validated, and not free from other types of distortion, noise and artefacts, the
method suggested by Farina (20) may be used for rapid sine determination of frequency response and
harmonic distortion. The method is useful becauseit is quick to perform, but it needsto be carried out
in environments with low reverberation and noise (5)(21).

To determine frequency response and harmonic distortion using this method:

Impulse response measurement /. Signal recording ﬂ
Petindic Maise  Sweep |MLS I External excitatin:nnl
- aween generatar —Recorder
Sequence length m Prefered input m
Sampling rate (Hz) losoon - Dual channel measdrement mode: [
Time constant: 1365.33 ms Invert phase of input channel T
Ctpuk yolurme ﬂ Mumber of averages 117
Log-Frequency sweep v Filter dual channel impulse respanse [
Zenerate voice activation [ Record |
Center peak of impulse response! v Close after recording I+
L [ =10 | <0 [ = I -1 e
CR [ -0 | D [ - I 8 Default |
6] ¢ I abbrechen |

Figure7.1.1 ARTA setup for impulse and sine response.

1. Enable single point mode in Sweep mode (disable dual channel measurement mode by unchecking
the box).

2. Check 'Center peak of impulse response'.

3. Perform the measurement (Record). The length of the excitation sequence must be at least 64k. The
measured impul se response should look something like Figure 7.1.2.
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Figure 7.1.2 Impulse response (IR). The sectionsin red show the gates for the linear IR and the IR-

induced distortion for the second, third and fourth harmonics.
4. Place the cursor <250 samples before the peak, and
5. hit Shift+F12 on the keyboard.
ARTA automatically generates a frequency and distortion trace (Figure 7.1.3).
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Figure 7.1.3 Freguency Response and Distortion window.
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Thetop curve shows the frequency response and the lower traces are the second, third and fourth
harmonic distortion curves.

Manipulation of the graph is comparable to that of ARTA in the 'Smoothed Frequency Response
window. The complete setup menu is obtained via'View — Setup' or by right-clicking on the graph.
This opens the dialogue box 'Magnitude/Distortion Graph setup' as shown in Figure 7.1.4.

Magnitude/Distortion Graph Setup

i~ Freguency range [Hzl— 1 Magnitude [dE] Show harmonics level
. M agn top |—2 v 2nd
High freq |2D|:||:||:|
v 3rd

Lows freq |2IZI kdagn range |BI:| =
Wiew all Thick plat linez v Default | | Cancel |

Time-Bandwidth T Hpda | oK. I

Figure 7.1.4 Graphic setup dialogue.

Figure 7.1.5 shows a comparison of the Farina method and STEPS in single channel mode at four
different levels. Test conditions wereidentical. The results are very similar for both distortion traces
and levels—the user just has to take note of the limitations of the Farina method referred to above.

Notice that the acoustic levels of the STEPS traces decrease with reducing excitation signal levels.
Thisis because ARTA works with reference levels, while STEPS identifies the absolute level in
single channel mode. For this reason, single channel measurement is well suited for the determination
of absolute sound levels at the microphone, and to determine peak sound pressure levels.

For more information on distortion measurement, see the STEPS Handbook.
Note: fromversion 1.4, export of ASCII and CSV for processing in other programs is supported.
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Figure 7.1.5 Comparison of Farinaand STEPS methods at four different levels.
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7.2. Sound pressurelevel (SPL) measurementswith ARTA

Music is not aways perceived as beautiful because it may be regarded simply as noise, but how do we
define 'loud' or 'quiet'? Some guidance is available from officia directives, technical manuals and
standards, e.g. Directive 2003/10/EC or DIN 15905-5:; event equipment - sound equipment - Part 5:
Measures to prevent the risk of hearing loss by the audience from high noise level emissions from
electroacoustic sound systems (Veranstaltungstechnik - Tontechnik - Teil 5: Maf3nahmen zum
Vermeiden einer Gehdrgefahrdung des Publikums durch hohe Schallemissionen el ektroakustischer
Beschallungstechnik).

The measurement of sound levels, and the equipment required for this purpose, is defined in [EC
61672-1:2002. Asof version 1.4, avirtual SPL meter has been included with ARTA (Figure 7.2.1).

Microphone input — input amplifier — clipping indicator

v v
A, C, Z (Lin) C filter
Weighting filter

A4 A 4

Squaring

!

Linear integration Exponential integration Peak detector

(fast, slow, impulse)

A4 A4 A4

Square root

v

Logarithm (dB)

Figure 7.2.1 Block diagram of the SPL meter.

The microphone signal enters through the input amplifier viathe clipping indicator that indicates the
status of the input amplifier and the A/D converter of the sound card.

From there, the signal goesto the weighting filter A, C or Z (see IEC 61627-1 or Figure 7.2.2), where
Z isunweighted or linear. Weighting is used for RM S level measurement, whereas the C filter is used
for peak level measurements. At the next stage, the signal is squared and then goes to the integrator or
the peak detector. The square root and logarithm of the signal are then taken and the final display
shown as the sound level in dB.
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Figure7.2.2 Weighting filters A, C, Z.

The sound level meter in ARTA is activated by 'Tools —'SPL meter'. This will open awindow as
shown in Figure 7.2.3.

SPL meter (nonameZ.spl) i[

File Edit Setup

—Leq - Linear Averaging————— — SPL - Bxponential Averaging Peak Level
LAeq 33.63 dB LAS 33.75 dB LCpk 45.84 dB
Time: 0:00:08 45 LAmax 33.75dB LCpk,max 4618 dB
Weighting If-'-. vI LAmin 23.85 dB Audio devices
H Mirt Second Weighting |A 1rI
== - _ ES. mil Sampling rate {Hz) I-‘lE}DﬁI} "I
|ﬂl :I |1ﬂ II |3’|::l = Integration time |5|DW T-I

dB SPL/Leqg recard Magnitude
100.0
A Top
90.0 |—— _ R :I
:
0.0 |F'I 0 i A
ool ] T i
|
60.0 |
i i o A ! ) P uLCpk
T l | . i in ; 4 Time zoom
. ! — S
= % 51, TN R e il
20.0 Rk
00:33:20 01:06:40 01:40:00
Crs:00:30:20.2 - 38.2Aeq 29.1AF 28.3A5 20.941 48.2Cpk (dB) Rel. Time 5€=ﬂ"
Mrk:00:36:51.2 - 37.5Aeq 28.5AF 28.5A5 31.7Al 53.4Cpk (dB) ||
E_%']m | =0 | = | = | -u@ Recard
ﬁBFS w1 @ 1 = T = 1T & " sp histoy ~ Fec/Resst Stop | OK I

Figure 7.2.3 SPL meter window in ARTA.
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The controls are as follows:

Leg —Linear Averaging

LAeq = current value of Leq in uppercase.

Time = period relative to the beginning of the measurement.

Weighting = choice of the weighting filter A, C or Z (lin).

Hours, Minutes and Seconds = definition of the duration of the measurement (maximum 24
hours, 59 minutes and 59 seconds all owed).

SPL — Exponential Averaging

LAS = current value of the time-weighted SPL (with weighting filter A).

LAmax = maximum value of the time-weighted SPL for the entire measurement period.
LAmin = minimum value of the time-weighted SPL for the entire measurement period.
Weighting = choice of the weighting filter A, C or Z (lin).

Integration time = selection of the time weighting F (fast), S (Slow) or | (pulses).

Peak Level

o LCpk=current peak level (C-weighted, timeinterval 1 s).
o L Cpk, max = maximum peak level (C-rated for the total measuring time).

Audio Devices
e Sampling rate = choice of sampling frequency (44,100; 48,000 or 96,000).

Rec/reset starts the measurement or sets all values to zero (Reset).
Stop stops the measurement.
OK closesthe 'SPL Meter' window.

dEF5

L = | 9o |1 = 1 @ | -0 8
E | = | [= 1 - 1 = |

Peak meter dBFS displays the current peak operating level relative to the full range of the sound card
in dBFS.

Record SPL history enables data recording in graphics mode (level recorder). There are 5 recorded
values: Leg, LSlow, Lfast, Lpeak and Limpulse.

Graphics are as elsewhere in ARTA (Figure 7.2.4).

SPL graph setup x|

—Magnitude axis ———————— [~ Time axis

Hours Minutes  Seconds
Magn top (dB) |120 Graph max IEI j |1 jl |I:| jl

. | | s
Magn range (dg) | 100 Graph min I':I | II:I = |I:I N |

Graph window

—Show curves
W leg [ Lslow [ Lpeak
¥ Lfast W Limpulze

Show I SPL history record graph ;I

[T Thidk plotlines

I™" Show local t I
2illiz b Updatel Default | Cancel | oK

Figure 7.2.4 SPL Graph setup.
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The controls are as follows:

Magnitude axis

o Magn top (db) = the maximum value of the Y -axis
¢ Magn range (dB) = the value range of the Y -axis

Timeaxis

e Graph max = Definition of upper time limit
e  Graph min = Definition of lower time limit
All figures are rel ative time values (no actua time entered).

Show curves

o Leqg, LSow, Lfast, LPeak, LImpulse enables/disables the curvesto be displayed.
e Thick plot lines = line style, thickness.
e Show local time = setsthe time axis.

Graph window

e Show = Selection of the data display mode. Enables either the graphics mode or the currently
selected SPL valuein large font.

Update updates graphics after entering new parameters.
Default sets default values.

x

Date:03/31/2008 Time: 23:57:55 d:J
Total Recording Time: 08:00:00

Lieql=46.585 4B, LATeq=0.00 4B
LAE = 91.45 4B (3EL)
LAFmin=27.56 dB, LAFmax=T4.
LASmin=21.40 dB, LASmax=71.
IATmin=28.06 dB, LATmax=79.
Lipk,max =102.40 4B

hi b B

Percent-exceeding lewvels Ln

dBA Faat Slow Inmp Peak

L1 27.6 Lo | 08.2 78.4

L5 54,5 24,5 e 72.5

L1 e i L 52.4 68.7

L50 = 316 3326 52.4

Lao 28.1 283 29.2 45.2

Lo5 28.0 28.2 28.8 45.4 Capyl

La9 27.8 28.0 28.4 44.4

=

IUser supplied additional information;

Position near my house. ;I

Figure7.2.5 SPL statigtics.
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The main menu includes the following commands:

File
o Save SPL history file = save the SPL dataasa.spl file.
e Open SPL history file= Load from .spl files.

Export (exports datain text format)

ASCII (1slogged): Exports Leq, SPL and Lpeak in second increments

ASCII (100ms logged): Exports SPL (Fast) in 100msec increments

CSV (1slogged): Exports Leq, SPL and Lpeak in second incrementsin CSV format
CSV (100ms logged): Exports SPL (Fast) in 100msec incrementsin CSV format.

File statisticsand user info: SPL statistics and user-entered information on the current .spl file (see
Figure 7.2.5). With 'Copy' the data will be copied to the clipboard.

Edit

Copy: copies the chart to the clipboard
o B/W background color: switch to black/white.

Setup

o Cadlibrate audio device: opens the calibration menu
e  Setup audio devices: opens the soundcard setup menu.

Page 159 of 189



ARTA - Handbook

7.3. Detection of resonance (including downsampling)

Resonances, whether from the room, speaker enclosure or speaker diaphragm, are not wanted in most
cases, but they are impossible to prevent atogether so must be minimised. This assumes, however,
that they can be identified. In some cases this can be achieved with smple means, in others more
effort isrequired. More detailed discussion can be found in the publication 'Detection of Audible
Resonances (10). The examples presented here are intended to serve as a primer only.

Room resonances
In rectangular rooms, the formulafor room resonancesis:

e [rng\? g\ ny\?
I= 5\/(3) +(3) + (%)
f = frequency of the mode in Hz; ¢ = speed of sound 344nVs at 21°C; n, = order of room length mode;

ny = order of room width mode; n, = order of room height mode (n,, ny, n,=0,1,2,3, etc.); L, B, H =
length, width and height of the room in metres.

Thefollowing is an example based on aroom measuring L = 5.00m, B = 3.90m, H = 2.20m. Compare
the calculated and measured positions of room resonances (Figure 7.3.1).

342Hz | 440Hz | 558H=z | 686Hz | 780H=z | 815Hz | 852Hz | 879Hz | 895Hz | 95 8H=z
102.9Hz | 103.8H=z | 111.5H= | 111.9H= | 112.8H= | 117.5Hz | 122 4H=z | 129.1Hz | 131.9Hz | 135.4H=

FR Magnitude dB re 20uPa/2.83V

110.0

wso LT IT—F

=0

100.0

95.0

80.0

85.0

80.0

75.0 l
70.0

65.0

|

20 50 100 200 500 1k 2k 5k 10K 20k
Cursor. 20.5Hz, 69.95 dB Frequency(Hz)

60.0

Figure 7.3.1 In-room loudspeaker measurement (see also Section 6.4).

When, in addition to resonance position, quality/decay duration are also to be determined, this may be
achieved using CSD or burst decay.
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Figure 7.3.2 CSD and burst decay for the determination of room resonances.

Figure 7.3.2 shows the evaluation for the environment depicted by Figure 7.3.1 with a sampling
frequency (rate) of 48kHz. In the burst decay, the resonances can be identified easily below 200Hz

regardless of sampling frequency. With CSD, more guesswork isinvolved.
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Fimnueniy cHil Figueney (Hrl
Fi=.9pn 200B-02-04 21190 File:18a.pr 2000-02-09 211841
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32kHz 96kHz

Fle: Hapr

Figure 7.3.3 CSD with different sampling frequencies.

The problem can be solved by reducing the sampling frequency. Figure 7.3.3 shows that the low-
frequency resolution increases with decreasing sampling frequency. At 8kHz and 16kHz, the lowest
modes can be readily characterised with respect to location and decay duration.
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Asof version 1.6.2 ARTA provides a downsampling function which alows for the production of PIR
files of any resolution at reduced sampling rates for the analysis of low frequency room modes. A

[E' L85800_alleine_richtig_gepolt.pir - Arta
File Cwerlay | Edic Yiew Record #nalysis Setup  Toaol

Cn

sampling rate of 4kHz to 8kHz should deliver
good results.

Load the desired PIR file and then go to the
impul se response view in the 'Edit" menu, then

select 'Resample to lower frequency'.

x

Current sampling rate (Hz) I 43000

r | 1 Copy Chrl+-C
FFT |32k Colors and grid style
— . B/ background color Ckrl+6
Ilse thick pen
Irm
—  Set Marker
Delete Marker
080 — Imweert

Faotakte at cursor

Mews sampling rate (Hz) I S000

Scale amplitude
060 —

&ntialiasing Fackar (0.5 - 0.95) I 0.9

Resample to lower Frequency
Scale acoustic model response

Cancel |

Now you can use the new sampling rate and the anti-aliasing factor (cut-off frequency of the anti-

0dB
-3dB

A

h

Signalspektrum

des Nutzsignals

~f

1
Y2 Abtastfrequenz

Unerwinschte Dampfung

Frequenzanteile des
Signals, die immer noch
Alias-Effekte verursachen

aliasing filter, see Figure 7.3.4a). Factorsin the
range 0.5 to 0.95 give good results, but the
default value of 0.9 is recommended.

After downsampling the frequency responseis
cut off above fempiing/2 = 4kHz/2 (see Figure
7.3.4b, right middle pandl).

0 FR Magnitude dB & (smoothed 1724 oct)

4

MR
I

=350 f'. ' I

-40.0
|

-4510

-50.0

=550

-60.0

-650

-roa

20 50 100
Cursor; 202 Hz, -38.15 4B

200

00 1k 2k
Frequency (Hz)

Original 96 kHz dovwnsampled to & kHz (red=095; hlack=0.5)

Figure 7.3.4a Effect of the anti-aliasing factor (0.5 = black, 0.95 = red).

96 kHz

| 4 kHz \
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Figure 7.3.4b Comparison of PIR, FR and CSD before (left) and after (right) downsampling to 4kHz.
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The above considerations also apply to speaker enclosures, because in this respect they can be
regarded effectively as small rooms that simply resonate at higher frequencies.

1m Line, closed

1m Line, open, undamped |

1m Line, open, damped
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Figure 7.3.5 Resonance detection in different speaker cabinets.
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Figure 7.3.5 shows measurements on a 1m long open (middle) and closed (left) transmission line. In
addition, light damping of the line has been measured (right). All measurements shown (frequency,
phase, impedance, distortion burst decay, CSD) are affected by resonance, particularly impedance.

The next example shows the re-evaluation of a materials study by Ahlersmeyer (16). The full results
are not reproduced here; the following is restricted to evaluation of the study WAV fileswith ARTA.
The impul se responses for the combinations of materials studied are shown below.

074 | I Dagl— T
16mm MDF+2 5mm Kleber+4mm Sperrholz

A 18 mm MDF + 10mm Weichfaser
026 4

—JMMMNW«W -
WN\/"V‘N"VW ™ AVATATAV A TR LLRP Vo,
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118 I'Iﬂflﬂﬁﬂnﬂmv o B ek R 073 Mnﬂhﬂhﬁlnﬁn an dhoa s TPV .
Mg L

_1 B4 -103

031 | ' ' 046 i
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Boh I N 1
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Figure 7.3.6 Decay behaviour of different material combinations (16). Weichfaser = softboard;
Kleber = glue; Sperrholz = plywood; Fliese = tiles.

Figure 7.3.6 shows the range of measurement for 16mm MDF with different linings. Plain MDF is
shown as a reference undernesth each trace (green). Note the scal e variations when comparing the
different materials.

Figure 7.3.7 shows an dternative analysis of the measurement files (frequency response, burst decay,
burst decay sonogram). In the left-hand panels 16mm MDF is shown as the reference (red). The burst
decay plots (middle) and the sonograms (right) illustrate the effectiveness of different enclosure
treatments.

Accelerometer studies are aso planned.
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Figure 7.3.7 Decay behaviour of different material combinations (16) Weichfaser = softboard,;
Kleber = glue; Sperrholz = plywood; Fliese = tiles.
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L oudspeaker

Membrane resonances are of particular interest in loudspeaker drivers because impedance
measurements are very sensitive to them.

Magnitude(ohms Impedance Phase
25.0 g ¢ ) P 0 Q0.0
23.2 450
21.4 0.0
19.6 -45.0
17.8 -90.0
18.0 A
14.2
12.4
10.6 L
|
a8 7]
FI
7.0
20 an 100 200 500 Tk 2k ak 10k 20k
Cursar: 8.0 Hz, 7.83 Ohm, 16.0 deg Fraguency(Hz)

B 139 free air
Figure 7.3.8 Impedance trace of atweeter.

Figure 7.3.8 shows the impedance profile of a classic tweeter, the KEF B139. The membrane of this
driver has resonance problems between 700Hz and 2kHz. Figure 7.3.8 shows measurements taken
with different sensors: microphone (blue), accelerometer (red) and laser (black). Both the microphone
and the accelerometer are suitable for the detection of diaphragm resonances.

1200 FR Magnitude dB re 20uPa/2.83Y (smoothed 1724 oct)

1;22“\»%7;w
1, W

|
v, | 1
RN

-
PO

i
50.0 WAL
40.0
10 20 a0 100 200 a00 1k 2k ak 10k 20k
Cursor: 7.1 Hz, 107.20dB Frequency (Hz)

Laser (black), Mic (hluel, ACC {red)

Figure 7.3.9 Frequency response (blue), diaphragm deflection (black) and acceleration (red).
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FR mMagnitude dB re 20uPar2.83V (smoothed 1524 oct) E(ohim)
1300 10.00
1250 % R 983

\ = o
B ks

-
1150 o &85
11010 / \ / &850
105.0 // \ / \,\L 813
100.0 \u"/ 775

950 ¥.38
ao.0 1"' = F.oo
20 a0 100 200 a0 1k 2k 3k 10k 20k
Curzor: 3036 Hz, 117 .40 dB Freguency (HzZ)

B110: Sicke wa Dustcap mit Iinpedanz

Figure 7.3.10 Surround frequency response (black), dust cap (red) and impedance (grey).

Figure 7.3.10 shows two nearfield measurements. The black curve isthe mid-surround, the red isthe
centre of the dust cap. In the region around 300Hz, the curves start to diverge. This can aso be seenin
the impedance response as an irregularity. Artefacts like this can be caused by resonancesin the
basket, membrane or dust cap.
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7.4. Create WAV filesfor external signal excitation with ARTA

[&7 untitled - Arta
File OCwetlay Edit View Recorder | Generator Setup  Tools

Cn | ® | Inp Frz Fri|Spa Run

zEN IMuItitDne "I FsrHz) (48000

Shap

. Spectrum madgnitu

Configure

Save in tway File

Save generator signal )

—Way Format

Sample rake (Hz)

I441EIEI "I

Bit= per sample

IIE bit PCM "’I

MonofSteren)s, 1

|M-:|nu:u v I

RV F
RS BLE
=T E T

—Signal bype

Tvpe |Multitu:-ne - I

~Lewvel and Duration
Lewvel (dB F5) -3 I

Duration (min) | 1]

Save in *.wav file |

Temporary generator sekbup
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8. Dealing with measurement data, data files, shortcuts, etc.

Weall know how frustrating it is to take measurements and then try to remember at some point in the
future exactly what we did, particularly if certain crucial details like the measuring distance were not
recorded. We may have an impedance or frequency trace but might then remember that we did not
save the impulse response. How do we repeat the measurement?

What does thistell us? Each measurement should be properly planned and documented. The aim and
purpose should be defined, it should be clear what the main parameters are, and any specia conditions
should be stored and documented. ARTA provides us with the tools to apply thislevel of
documentation and traceability of measurements, but they can only help usif we remember to use
them.

Try to retain/save each measurement in its original format (PIR, LIM, HSW) because thiswill be the
source data upon which other evaluations are based. If you evaluate the data during the measurement
session, copy the resultsimmediately into a suitable word processing file and add any comments
straight away.

8.1. Graphical representationsin ARTA

Although ARTA does not have a direct print function, there are a number of other ways to output
graphics.

8.1.1. Outputting and formatting charts

One of the easiest ways to output a chart is via a screen dump (‘Print Screen'’). This can be copied into
Word, Powerpoint, etc.

[&% Smoothed frequency response (Speaker-1.pir)

File ©werlay Edit View Smoothing
o Top
FR Magnitude dB ¥ {smoothed 1/6 act f
200 J ¢ ) A Z‘ iJ
R | Range
T
A ~| Set
Smoathing
16 -
A High Fr
2510 Lt —
¥ ‘\ JE- 3 L
-300 Low Fr
20 50 100 200 500 1k 2k sk 10k 20k 4 b
Curzor: 201 Hz, -11.89dB Freguency (Hz)
Mag WP | Ph | Gd Record | Ovedap | B |[F6E0

Figure 8.1.1 Screen dump of afrequency response window.
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Alternatively, to get just the chart on its own, use Ctrl-C or 'Edit' and 'Copy' in ARTA. In the main
window the copy function is also displayed as an icon D . The command opens the window below.

Copy to Clipboard with Extended Information ﬂ

Enter texk that will be drawn on the bottam of the araph copy

| Hier kann ein belisbiger Text eingegeben werden

Choose bitmap size  |small (Sizpts) v Caricel |
add filepame and date [ Save text v

Figure 8.1.2 Copy menu window.

This has four functions.

1. A field for text entry; this appears in the output directly below the chart.

2. Youcan'Add filename and date': this outputs this information below the chart.
3. Youcan'Savetext': thiscan then be recalled and modified later.

4. 'Choose bitmap size': determines the size of the chart.

The options with defined size have a fixed width:height ratio of 3:2. Click 'OK" to copy the chart to
the clipboard, 'Cancel’ aborts the operation.

A sample output illustrating these options is shown in Figure 8.1.3. Note that the text islimited to 128
characters.

0 FR Magnitude dB VW (zmoothed 176 oct)

A
F
15.0
ST :
100 e N *
Cr A \
-10.0 7
-1510 \
-200
-2510
-30.0
20 S0 100 200 s00 1k 2k Sk 10k 20k
Curzor: 201 Hz, -11.89dB Freguency (Hz)
Currernt file: Speaker-1 .pir 2006-10-04 23:02:09

Jetzt die "nackte" Grafik im Fenster im Format "small" mit Filsinfo.

Figure 8.1.3 Sample chart output from ARTA.
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8.1.2. Working with overlays

Overlays are temporary traces that can be displayed or hidden. They facilitate direct comparisons
between different crossovers and enclosures, etc.

Overlays are used chiefly in the frequency domain, but can also be useful in the time domain.

@Smnnfhﬂd frequency response {TT@TT X0 1.0 mH 10uF.pir} -1ol i
File} Owverlay [Edit Wiew Smoothing
| Tom
FR Magnitude dB re 20uPa/2.83% (smoothed 1/24 oct ﬂ
11000 g £ ) . R |
=] ﬂ Range
105.0 T = i
A Set
s /\/ ™, P ﬁ r\ Smoothing
T A MdIPAYI fis =
TNV TINA
90.0 \ § ;J \
B0 A \
80.0 f\_\f\ W
750 { V“\
70.0 \
B5.0 High Fr
\ o
60.0 Lawe Fr
a0 100 200 a00 1k 2k ak 10k 20k = I b I
Cursor: 242.0 Hz, 96.53 dB Freguency (Hz)

v | e e
Figure 8.1.4 Smoothed frequency response window with overlay.

Record B | Copy |

b

In the 'Smoothed frequency response’ window the current curve or filter targets are defined as
overlays. Further manipulation is possible with menu items as follows:

E{:' Smoothed frequency response (HT@HT
Filz | Cwerlay Edit  Yiew  Smoothing

Set as overlay Chrl+8
Set as overlay Below cursar

Set as ovetlay Abaove cursar

Load overlavs
Save overlays

Manage overlays Ckrl+1

Delete lask overlay
Delete all overlays

(aenerake barget response
Load target response
Delete karget response

Load impedance overlay
Delete impedance ovetlays

Set asoverlay - saves the current graph as an overlay

Set asoverlay Below cursor - stores the part of the curveto
the left of the cursor as an overlay

Set asoverlay Above cursor - storesthe part of the curve to
the right of the cursor as an overlay

Load Overlays - loads an overlay file
Save Overlays - saves afile as an overlay

Manage Overlays - enables'FR Overlay Manager' for editing
Delete last - deletes the last overlay

Delete all - deletes all overlays

Generate target response - generate targets for standard
crossovers

Load target response - loads.txt format files as targets
Delete target response - deletes standard crossover target
L oad impedance overlay - loads impedance files (txt, zma,
imp) for simultaneous representation of frequency and
Impedance transitions

Delete impedance overlay - deletes the impedance overlay
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Further processing of overlaysis possiblein the 'FR Overlay Manager' screen (Figure 8.1.5). Thisis
opened with the command 'Overlay', 'Manage overlays.

FR Overlay Manager ] x|

| Magnitude response
%0 6dB RLC 2
%0 6dB RLC
%0 6B elekkr,

add | fdd above u:rsl Colar | iZancel |

Replace sel | Add below crs | Celete all | Check.ﬁ.lll oK |

Figure 8.1.5 FR Overlay Manager menu.

Some commands (Add, Add above crs, crs below Add, Delete all) are already familiar; therest are as
follows:

e Replace sl - replaces the selected curve with the current one;
o Sd Delete - deletes all selected overlays;
e Color - Changes the colour of the highlighted overlay on the 'Overlay Colors menu.

Use the mouse to click on the overlays themselves as follows:

e Singleclick - select the desired item;
e Single click on the check box - makes overlay visible or invisible;
e Doubleclick - enables editing of the overlay name.

'Check all' activates all the overlays.

Note that the space available below each chart is quite limited, so keep file names as short as possible.
To assist with this, you can select the corresponding item in the FR Overlay Manager and overwrite
text (Figure 8.1.6).

I | | | |

20 a0 100 200 500 1k 2k gk 10k 20k
Cursaor: 200 Hz, 5518 dB Frequency (Hz)

Current file: HT@HT ¥Q BdE elektrisch mit RLC 2 pir=— 2010-10-28 18:14:00
Crverlay files: HTE@HT X0 BdE elektrisch mit RLC 2 pir= HT@HT *12 BdE elektrizch mit RLC pir= HT@HT X0 5dE elektrisch.pir=—
Mustertext, Mustertext, Mustertext, Mustertext, Mustertext, Mustertext, Mustertext, Mustertext, Mustertext,

Largest (1024): Voller Text

250 2 I I I I e5.0 I I I I
20 50 100 200 o0 1k 2k Sk 10k 20k 20 50 100 200 500 1k 2k Sk 10k 20K
Cursor: 200 Hz, 25.19¢B Freguency (Hz) Cursor; 200 Hz, 5519 dB

Freguency (Hz)

Currert file: HT@HT ¥ 6dB elekirizch mit RLC 2 pir me 2010-10-25 181
Crverlay files: HTEHT XO 6dB elektrizch mit RLC 2 pir e

HTEHT X0 GodB elektrizch mit RLC pir s

HTE@HT X0 6B elektrizch it m

Smallest (400): Voller Text

Currert file: HTEHT X0 6dB elektrisch mit FLC 2 pir e 2010-10-25 181
Overlay files: XO GdB RLC 2 mm KO 6B RLC

¥ BB elektr .

hustertext, Mustertexd, Mustertext, Mustertext, Mustertext, Mustertext, b

Smallest (400): Reduzierter Text

Figure 8.1.6 Adjusting a caption. Voller Text = full text; Reduzierter Text = reduced text.
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Fi|E|OverIay Edit Wiew F

E

Set as overlay
Delete ovetlay

Load as overlay

Cverlay Info

|_
A

Crverlay inFormation

X

Murber of samples:65536

Sampling rate; 26000 Hz

Mic. sensitivity:6. 75 mbv/Pa

ARTA - Handbook

As of version 1.4, overlays are available in the impul se response
window. See the relevant menu located at the top of the main menu bar
(left)

The daughter menu items are very similar to those in the Smoothed
Freguency Response window; there are just fewer of them.

The menu item 'Overlay Info' (Ieft) contains technical data pertaining to
the loaded overlay.

Figure 8.1.7 shows the impul se responses of awoofer (TMT = blue = current measurement) and a
tweeter (HT = red = overlay).The chart shows to good effect the time offset between the two drivers.

Irmpulse response (UM

Zoom 81

TI7.06

i

482.79

R

388.53

194.26

/

-194 .26

-388.53

-582.79

|
|
L]//\
|
|

-777.06

uCver

almp

4.04

418 4.30 444 4456 ms

Curg8.192ny (5.4040%), 4.208ms (404) Gate: 0.052ms (1.79 crn@344m/s)
Cwerlay im FIR-Made

Figure 8.1.7 Overlaysin the time domain.
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L. I ¥ \T 3 Froulse responge My Zoom 21
ﬁ 1 :
I : R
il A = T
o 11 150 E
nas | B 1.9 ﬂ*l
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i [ 1 M]
L g h i 0o . I In. n: = Ei"v—"
o — - pric,
- ¥ -
14 . B a0 U | ] W : :: !
n3 T et |l
| B F ]
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| 150 T
47 i 200 i
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Figure 8.1.8 Overlaysin the time domain (left = highest magnification; right = bold lines).
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8.2. Editing measurement data and data files

ARTA provides functions for documentation, processing and manipulation of measured data. Access
to these functions is avail able via three menus. Be aware that these functions are somewhat different
to commands in the time and frequency domains that have very similar names.

Timedomain

F-8 Edit “iew Record Analysis Setup Tools
Mew kvl
QpeEn. .. Chrl+0
Save ChrH+S
Save ks,

Info
Export. .. 4
Irnport. .. L4

Load and sum

[ Yiew Record  Analysis

Set Marker
Delete Marker

Invert
Raktake at cursar

Scale
Copy Chrl+iC

Colors

New - clears the memory
Open - opens PIR datafiles
Save - saves PIR datafiles

Save as - saves PIR data files under another
name. Note: ARTA overwrites files without
asking you first! If you summed or scaled a
modified PIR file always save with this
command.

Info - plenty of space provided for comments on
the measurement. Add your text here.

File Info

File: 9&cm. pir

Samplerate; 48000 Hz
Length in samples: 32768
Length in ms: 682,667 ms
Input Device: voltage probe

IUzer supplied additional informations:

Hier kann heliebiger
Text stehen

Invert - inverts the impul se response (see 8.1)

IEI EE:ru| Imf|

Rotate at cursor - cuts the impul se response

before the cursor start position.
Scale - Scales the impul se response by means of a

mathematical operation (see example)

Pir Scaling @

Enter number or arithmetic expression ta scale PIR:

3,180 208

Cancel | | (04 |
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Export - export in another data format.

AT File
MLSSA ASCIL file
Sty file

Import - import afile with another data format.

Y File

TIM MLSSA File

ASCIT MLSSA File (.bxt)
ASCII File {.bxt)

Load and Sum - Sum impul se responses (see
8.1).

Frequency domain

|E|:Iit Miew  Smookthing
Copy Chrl+C

Colors and grid style
B' backgraund colar Ckrl+B
v Llse thick pen

Cut below cursor
Cut above cursor

Scale level
LF bz diffraction

Subtrack overlay
Subtract From overlay

Power average with overlays

Merge overlay below cursor
Merge overlay above cursar

Delay for phase estimation

Cut below/above cursor - deletes the part of the
current response to the left/right of the cursor

Scale L evel - scales the frequency response to the
desired level

Scale Magnitude

Entet valug in dB to scale magnitude

-12.5) dg
Zancel | (] 4 |

Subtract overlay - Subtracts the overlay from
the current frequency response

Subtract from overlay - Subtracts the current
frequency response from the overlay

Power average overlays - Averages all existing
overlays.

Mer ge over lay below/above cursor - Linksthe
current overlay to the left or right of the cursor to
the current trace.

The upper half of Figure 8.2.1 shows the 'Cut bel ow/above cursor' operation. In this case, the | eft
portion of the curve (below cursor) was cut. The lower half shows the effect of 'Cut below cursor' on

the 'Time Bandwidth Requirement'.
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T FR Magnilude dB re 20uP sl 020 {smoolted 1124 o] T FR Magnifude dB re 20uPal B2 (smoolbed 124 o)
R R
S0 T o sl ol T
A W #V“ A
80O BOA
FO0 700
B0O E0O
500 s0a
a00 aog
ona ana
) Ex 100 200 500 ik * Gk 10k P ) = 100 203 500 1k & 113 10k P
Curzor 200 Hz, 457408 Franuancy HI Curanr: 481 2 Hr, & B5 0B Fraguancy HX
U beiode? Cursog U ot Cirsar
FFR Magnitude dB re J0uP=02 820 (smoolhed 1124 o) FR Magnitude dB re J0uP=82.820 {smoolhed 1124 ad)
1000 1000
A A
: ;
800 ] 1]
_‘W A _‘W A
8OO [-LiFa}
700 700
600 E0O
500 s00
a0 ana
ina = ang
o =0 100 203 500 ik * Gk 10k I om =0 i00 20 500 1k * 114 10k I
Cugon 200 Hz, 4287 8 Franuancy HI) Curgnr 1682 HE, 46 04 B Franuency (HI
Time-Band il Revuirement Time=-Ben durilh Recu i ermenl

Figure 8.2.1 'Cut below cursor' function and 'Time Bandwidth Requirement'.

Figure 8.2.2 shows the measurement of a small full-range loudspeaker with two different microphones
(NTI M2210, T-Bone MM-1). The NTI M2210 isaClass | microphone and is used here asa
reference for generating a compensation file for the inexpensive MM-1. Figure 8.2.3 shows the effect
of the 'Subtract overlay' and 'Subtract from overlay functions. In the arrangement shown here, you
would use 'Subtract overlay file' as a compensation function for the MM-1.

FR Magnitude dB re 200Par2.83Y (smoothed 1724 oct)

1350 a
130.0 / f\ $
1250 .
1200 M#-W sLAL

1150 ’J/

110.0 7
105.0 /
100.0 ﬂ
95.0 "/

90.0 j
35.0 Ay’
20 50 100 200 5000 Tk % s 10k 20k

Cursor 4506 8 Hz, 119.85 dB Freguency (HzZ)
t-bone (klack]), NTI 2210 (red)

Figure 8.2.2 Overlay = NTI M2210; measurement = T-Bone MM-1.
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oo Level dBr ismoothed 1/24 oct)

a0

60

4.0

20

0.0
[
20

-40

60

-E0

=100

Cursor: 4506.5 Hz, -0.71 oB
subtract overlay

50 100 200 500 1k 2k

=TI

Sk 10K 20k

Freguency (Hz)

100 Level dBr (smoothed 1724 octy

8.0

6.0

=m

4.0

2.0

oo

=20

-4.0

6.0

8.0

-100

50 100 200 S00 1k 2k Sk 10k 20k

Cursor: 1902 4 Hz, 0.43 dB
subtract from overlay

Freqguency (HZ)

Figure 8.2.3 Effect of 'Subtract overlay' and 'Subtract from overlay'.

Figure 8.2.4 shows the effect of 'Power average overlays on measurements taken from a small
midrange speaker and a tweeter in 10-degree increments. The red curve in each case shows the

averaging over all overlays.

FR Magnitude dB re 20uPa/2.83% (smoothed 1524 act)

1050

1000

D>

o

20 50 100 200 400 1k
Cursor: 15815 Hz, 92.18 dB
Faower Average 0-90°

Sk 10k 20k
Freguency (Hz)

o FR Magnitude dB re 20uPa/2.83Y (smoothed 1/24 oct)

0>

a0

o

20 50 100 200 g00 1k
Cursor: B140.1 Hz, 8216 d8
Faower Average 0-90°

2k Gk 10k 20k
Freguency (Hz)

Figure 8.2.4 'Power average overlays function.
This feature has been recommended by Joseph D'Appolito (22)(23) and Floyd E. Toole (24).
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8.3. Scaleand Scale Leve

Below isasmall collection of useful formulae:

ARTA - Handbook

Scale

Scale Level

Level normalized to dy in the farfield

20 log(d/dy)

Nearfield level Py adjustment for farfield

level P (half space, 2pi) (v/2d) 20 log(r/2d)
Nearfield level Py adjustment for farfield

level P (full space, 4pi) (r/Ad) 20 log (r/4d)
Level adjustment of bassreflex port Pp to (S4S0)°5 20109 (S/5,)°°

membrane Py in the nearfield

L ocation of source Radiation pattern | Level
O 4n 0dB

. T +12dB

/2 +18dB

D = measuring distance

dy = reference distance (usually 1m
reference)

Sp = area of bass reflex port

Sp = area of speaker membrane

r = membrane radius

Pne = level of nearfield

Pee = level of farfield
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8.4. Keyboard shortcuts

ARTA provides a number of keyboard shortcuts for those who prefer them to the mouse for certain

operations.

Left Shift

Key/key combination

Up and Down

Change the gain shown on the screen

Ctrl+Up and Ctrl+Down

Changes the offset (the overlay is unaffected)

L eft and Ctrl+L eft

Moves the graph to the |eft

Right and Ctrl+Right

Moves the graph to the right

L eft Shift+L eft or Right

Moves the cursor left or right

Right Shift+L eft or Right

Moves the marker to the left or right (if available)

PgUp and PgDown Changes the zoom factor

Ctrl+S Saves the current file

Ctrl+O Opens afile

Ctrl+C Copies a picture to the clipboard (user-defined)
Ctrl+P Copies the current window to the clipboard

Ctrl+B Changes the background colour (colour/black & white)
Shift + F12 Farina sweep evaluation (see Section 7.1)
2XALT+R Repeats a measurement with the same setting
ALT+M Displays the magnitude window (frequency response)
ALT+P Displays the phase window (phase transition)
ALT+G Displays the group delay window
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9. Recommended speaker specifications

L oudspeaker measurement is not anew science, and it is therefore not surprising that its underlying
principles are well established. Two of the mgjor standards are:

e AES2-1984 (r2003): AES Recommended Practice, Specification of Loudspeaker Components

Used in Professional Audio and Sound Reinforcement (25)
o |EC 60268-5: Sound system equipment - Part 5: L oudspeakers (26)

Thefollowing isthe list of requirements according to AES2 for low and high frequency drivers.

Low-Frequency Drivers

High-Frequency Drivers

1. Dimensions and weight 1. Dimensions and weight
2. Dimensioned line drawings 2. Dimensioned line drawing
3. Mounting information 3. List of accessories
4. List of accessories 4. Description of electrical connections
5. Description of electrical connections 5. Additional descriptive information
6. Additional descriptiveinformation 6. Description of diaphragm and diaphragm
7. Physical constants; piston diameter, moving mass, construction
voice-coil winding depth and length, top plate 7. Freguency response on plane-wave tube
thickness at voice coil, minimum impedance (PWT***)
Zmin , and transduction coefficient. 8. Distortion on PWT; swept second and third
8. Thiele-Small parameters: fS, QTS, n0, VAS, harmonics at 10% rated power.
QES, QMS, RE, SD 9. Impedance on PWT; swept
9. Large-signal parameters: PE(max), X max, VD 10. DC voice-coil resistance
10. Frequency response (0°, 45°) in standard baffle*  11. Power handling on appropriate acoustic load
11. Distortion (second and third harmonic), swept, at  12. Displacement limit of diaphragm

10% rated power

13. Thermal rise after power test

12. Impedance response, free air
13. Power handling in free air, 2h
14. Displacement limit**

15. Thermal rise after power test
16. 16. Recommended enclosures

Notes:

* For the dimensions of standard baffles see Figure 9.2
** This recommendation has now been extended (see STEPS)
*** Spe AES-1id 1991 (27)

Manufacturers should follow the recommendations of the AES in their data sheets. Mainstream
manufacturers usually do this as arule, but the published specifications of generic products should be
treated with more caution. ARTA, STEPS and LIMP can of course assist in this respect.

Dimensions and mounting information (1-6) are usualy given. The physical informationinitem 7 is
partly dependent on manufacturer's specifications; it may be possible to gather other data although
this may require partial dismantling of the driver. The measurement of Thiele-Small parameters (item
8, 12) is carried out with LIMP as described el sewhere. Large signal parameters such as Xmax (items
9 and 14) are dealt with in Section 9.1, or in Application Note No. 7. Frequency response (including
off-axis) is measured with ARTA (Chapter 6, Application Note No. 6). For notes on the Standard
Baffle, see the end of this section (Figure 9.2).

Item 11 can be dealt with using ARTA (Farina method, Section 7.1) or STEPS. For maximum
electrical load (items 13 and 15), we must usually depend on the manufacturer's data. It is difficult to
measure a speaker at maximum output for 2 hours without causing a significant noise nuisance.
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Figure 9.1 shows the data sheet of a midrange speaker by Visaton. With the exception of point 11 and
some parameters which can be calculated from the given data, all required information isincluded.
Instead of the frequency response at 45°, a polar response diagram for representative frequenciesis

shown.

Technische Daten: 45 58
Mennbelastbarkeit 60 W i
Musikbelastbarkeit 90 W I
MNennimpedanz 2 8 Ohm
Ubertragungshereich {-10 dB) fu—3000 Hz =
{fu: untere Grenzfrequenz abhangig vom 1
Gehduse)
Mittlerer Schalldruckpegel 1 ,",UE.F; ?nE]i | !
Abstrahlwinkel (-6 dB) 94°/4000 Hz
Grenzauslenkung +/-8.5 mm
Resonanzfrequenz fs 43 Hz Yisaton AL 1308 Ohm
Magnetische Induktion 095T EPL:dE] H =t
IMagnetischer Fluss 450 pWh - I Vf'\r\
Obere Polplattenhihe & mm & /‘/ Taas S=sestusssses El
Schwingspulendurchmesser 25 mm ;Z — 122
Wickelhéhe 18 mm w SS=5E
Schallwandéffnung 115 mm 7Am:.iude bmwim e e e
Gewicht netto 1 kg o
Gleichstromwiderstand Rdc 5.6 Ohm
Mechanischer Q-Faktor Qms 4,37 Directity pattern
Elektrischer Q-Faktor Qes 042 an i
Gesamt-Q-Faktor Qts 0.38 S
Aquivalentes Luftnachgiehigkeitsvolumen Vas 131 EEEE
Effektive Membranflache Sd 79 cm?®
Dynamische bewegte Masse Mms 9g
Antriebsfaktor Bxl 56Tm
Schwingspuleninduktivitat L 0.9 mH
Figure 9.1 Data sheet of amidrange speaker (Visaton AL130 - 8 Ohm)
A 30<7 Abmessung LS | Ainmm | Bin mm | Cin mm | D in mm
200 mm (8 in) 1350 1650 225 150
250 mm (10 in) 1690 2065 280 190
A 315 mm (12 in) 2025 2475 340 225
Cl [) 400 mm (15 in) 233 3090 430 280
[ ] 500 mm (18 in) 3040 3715 505 340
1 1T
— b
L7

Figure 9.2 Dimensions of the |EC standard baffles.
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9.1. Determination of X ax
AES2 says the following about X

Voice-coil peak displacement at which the 'linearity’ of the motor deviates by 10%. Linearity may be
measured by percent distortion of the input current or by percent deviation of displacement versus
input current. Manufacturer shall state method used. The measurement shall be madein free air at fS.

This recommendation has been extended through the initiative of W. Klippel and is now included in
the draft standard IEC PAS 62458 (28).

In Application Note AN4 (12) for the Klippel Analyzer, a procedure for the determination of Xy iS
described. The following example with ARTA givesthe gist of this procedure.

1. Measure the resonant frequency fs of the speaker with LIMP. Choose stepped sine as the

excitation signal. In this example, the resonance frequency fs = 43.58Hz.

2. Run atwo-tone signal through the speaker under freefield conditions with f1 = fs = 43.58Hz

and f2 =8.5fs= 370.43Hz and an amplitude ratio of U1 = 4*U2 (Figure 9.1.1), and run a
series of measurements with varied amplitudes from Usrart <UL < Ugyp.

Signal Generator Setup E|
Sine generator Two zine generatar
e |W Freql Freg: b agn

 Defl  fikHz  f[2kHz  [151

—

Peak Level [dB) | '12;| ™ Def?2 NO0Hz 13kHz 41
Gt baval 16bit - o User 14358 {370.4 {4 1

Signal generator type Multizine generator
S pectum Sine - Output wolume [dB] |0 -
mode ! Fultitone

FR mode P pink, - Firk cut off [Hz] 20 |Wide|:-and -
Default | Cancel ‘ k. |

Figure 9.1.1 Settings under Signal Generator Setup.

3. Measure sound pressure in the near field and perform a spectral analysis to measure the

amplitude of the fundamental P(f1) and P(f2), of the harmonic components P(k*f1) with k= 2,
3, ...,K and of the summed-tone component P(f2+(n-1)*f1) and difference-tone components
P(f2-(n-1)*f1) with n=2, 3 versus amplitude U1.

Measure the peak displacement X(f1) versus amplitude U1. A simple method for determining
the deflection is asfollows. Using avernier caliper with depth gauge, the distance to the dust
cap isfirst measured without a signal and the value recorded as zero. Then the speaker is
excited with asine signal generated by ARTA in SPA mode at fs, and the depth gauge pushed
carefully towards the dome until contact noise is heard. The value of the excitation voltage
value subtracted from zero gives the corresponding deflection.

Determine THD with ARTA in SPA mode at the resonance frequency with sine excitation as
afunction of the amplitude U1:

, _NPQA) PG +..+ PR
f P,

*100 %
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Enable 'Two Sine excitation' and choose afrequency range between f2 +/-2.5* fsin alinear
representation. Rest the cursor on the marked frequencies as shown in Figure 9.1.2 and note
their values. The second-order modulation distortion

d. = P(fi-)+P(fr+ f1)
: P(f,)
and the third order modulation distortion
B P(fi-2/)+P(f,+21)

dy = *100 %
P(f3)

*100 %

[& Untitled - Arta

Fle Crerlay Edé View Recorder Generator Setup  Mode Help
Cn P Ine Frz FRiSepn = @ B B Fa | 29 =0 ®R -]
Gen [TwoSine =| FiMz) [45000 ~| FFT[65536 =] Wnd [KaiseS =] Avg [Liesr | | Resei
Top
Spectrum magniude dB re 1Fa Left Avg 10 =]
00— , . T T A -
=)
-200}— 5 L P |
Bange
=40.0} :[
k|
-60.0}—
| (]
-80.0}— : - Friioh
E | i \—/LJ W w
Apopl—Y 5 ~d Friow
A4
Amol— iH | 1 | S 1 | | -
F2-2fs F2-fs T2 F2+fs F2+2{s
-1 40.0 ]
2B0 300 320 340 360 380 4040 420 440 460
Cussor 2725 Hz, -93.20 dB Frequency(Hz)
BEMS= -T3dB e 1Pa IMD=215%
Li21.9dB | R:-20.9d8 | Spectrum Anshy2er

Figure 9.1.2 Determination of second and third order modulation distortion.

are calculated as indicated above in the formulae. Note that the level values read off the chart must be
converted to absolute values by Abs = 10®®?%. The following table shows an example.

13 PindB P abs
fi 43.58
f2 3704 486 0003715
f2-f1 3269 -B946 0000034
f2+£1 414 -87.95  0.000040
f2-2f1 2833 -86.24 0.000049
f2+2f1 4576 -103.63 0.000007

From these values the second and third order modulation distortion values d2 and d3 = 1.98% and
1.49%, respectively.

6. Findthe smallest value of U in the range between Usrarr and Uenp Where either the harmonic
distortion dt or the second- or third-order modulation distortion d2 or d3 equals 10%.
7. Determine the deflection X« corresponding to amplitude U10%.
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Breitbandsystem mit Unterhangschwingspule

25,00 ; | ; ; ; ,- o0
——THD | | ///
20.00 {===IMD2 Vg . A 40 E
° ~&—IMD3 : i / ' E
£ 1500 {——*peak : ﬂ }J a0 =
a : R P /: : =
= i / : ; E =
5 10,00 : ' ' 7 i 20 3
- D AR E
5.00 — :ﬂ"" ' : : 10 £
0.00 ' ; ' ; ' 00
0.0 1.0 20 a0 4.0 o0
UinV

Figure 9.1.3 Determination of linear displacement according to (12).

Figure 9.1.3 shows the result. In this example, THD first reaches the 10% threshold as shown and
thereby corresponds to X o = 3.4mm (see green arrows).

Note: Asof version 1.4, this procedure has been
automated. A detailed description can be found
in ARTA Application Note No. 7 (2).
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ARTA Application Notes

AP1. ARTA — Measuring Box.

AP2. RLC Measurement With LIMP.

AP3. Why 64-Bit Processing?

APA4. Loudspeaker Freefield Response.
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12. Formulae and figures

? ' ES 4
V T :----- - ----;E ------------ ¢
S Ve =
l J, + Vinom
HHHHHHHHHHHHHE FHHHHHHHHHHHH T Ve
= .
Veff Vs Vss
Veff - 0,7071 0,3535
Vs 1,4140 - 0,5000
Vss 2,8280 2,0000 -

C.,=(331.5 + 3/°C) m/sec

Speed of sound m/sec

336 4 : : : :
10 15 20 25 20 as 40

Temperature (°C)
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Seriesand parallel driver connection

When multiple drivers of the same type are connected in series or parallel, their parameters may be
affected. Drivers can be connected together in series (Ser) and parallel (Par) electrically; they may
also bein series (compound enclosure) or in paralel (mounted next to each other) acoustically.
Possible combinations and their effects on driver parameters are shown in the following table.

1Driver | 2Drivers | 2Drivers | 2Drivers | 2Drivers
Electrical Ser Par Ser Par
Acoustic Par Par Ser Ser
fs(Hz) 1 1 1 1 1
Re (Ohm) 1 2 0.5 2 0.5
SD (cm?) 1 2 2 1 1
Mms (Q) 1 2 2 2 2
Cms (mn/N) 1 0.5 0.5 0.5 0.5
VAS (L) 1 2 2 0.5 0.5
Rms (Ns/m) 1 2 2 2 2
BxL (Tm) 1 2 1 2 1
Le (mH) 1 2 0.5 2 0.5
Qm 1 1 1 1 1
Qe 1 1 1 1 1
Qt 1 1 1 1 1
SPL (dB/V) 1 0 6 -6 0
SPL (dB/W) 1 3 3 -3 -3
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