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1. Scope

Most of the room acoustic parameters provided by ODEON do not require calibration. This is because they
depend exclusively on the slope and shape of the energy decay, rather than the actual level. However,
Sound Strength (G) and Speech Transmission Index (STI, STlmale and STltematle) depend on the level, therefore
they require that the ODEON measurement system is calibrated. You can read more about the
measurement system in general in the ODEON Manual[1].

In this application note we will explain how to use the two available methods for G and STl calibration: The
Diffuse-field method and the Free-field method. Since both methods are quite sensitive in gain or
equipment changes, we have also developed a two-step correction method, which simply adds an extra
level of security to the process, so that changes in gain or equipment do not ruin the calibration.

2. The G parameter

According to the ISO standard 3382-1, for performance spaces[2], the sound strength G of an omni-
directional source, for a specific frequency, is given as the logarithmic ratio of the sound energy (squared
and integrated sound pressure) of the measured impulse response to that of the impulse response
measured in free field, at 10 m distance from the source:

INHOLE (1)
G = 10log p~%——— dB
81072 (ot
or
G=Lpg— Lpg1o dB (2)
1 oo p? (t)dt 1 (oo p2,(t)dt
where  Lp,p = 10log;, [T—Ofo ; ] and  Lyg 10 = 10logyq [T—Ofo wp—g] are the sound pressure

exposure level of p(t) and py,(t) respectively.
The variables in these equations are as follows:

e p(t): Instantaneous sound pressure of the impulse response at the receiver’s position.

e pyo(t): Instantaneous sound pressure of the impulse response at 10 meters distance from the source in
free field.

e py: Reference sound pressure, 20uPa.

e Ty: 1secaveraging time.

According to equation (2), it can be seen that G is a relative parameter, calculated by measuring the
absolute values of of L,z and Lyg 1. However, measuring L, and Ly, 1o would only be possible if our
system was calibrated with a pistonphone (usually providing 94 dB at 1kHz), so that we could measure
absolute SPL values.

In ODEON this is not possible - but even if it was, we should still find a large perfect free-field and locate
the source and microphone 10m apart. This is an impractically long distance. Fortunately, we can apply
some workarounds in order to calculate the difference between L, and L, 1, directly, without knowing
the absolute values of the individual terms. This technique, which is described in detail in ISO 3382-1, makes
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use of two well-defined environments: The reverberation and anechoic chambers. These two
environments provide the perfect conditions for the diffuse-field and free-field method, respectively.

1. Calculation of L, 1o in a Reverberation Chamber
To calculate Ly, 1 inside a reverberation chamber, we make use of the theory about power estimation in

diffuse-field. According to this, the power level L,, of an unknown source at a specific frequency can be

calculated from the measured average sound pressure level Lg%”‘:h inside a reverberation chamber:

L, = LR&Ch — 6 + 101og10;io dB(re 102 Watt) (3)

where 4 is the equivalent absorption area in the room and S, = 1 m?.

The sound pressure level 10 meters away from this unknown source in free field conditions is calculated
according to the spherical spread law:

Lpg10 =Ly — 11— 10log;0[(10m)?]
=1,—31dB

(4)

An interesting observation is that a sound source of 31 dB power level provides sound pressure level of 0
dB at 10m.

Substituting equation (3) to (4) leads to:
A
Lpg0 = 1010g105 — 37+ LI;%vCh dB )

The absorption area can be calculated from the Sabine’s formula (diffuse field assumption): A = 0.16V/T,
with V being the volume (m?) and T the reverberation time (sec) of the reverberation chamber.
Substituting this and S, = 1 m? in equation (5) we get:

Lyg,10 = 10l0g;o =2 — 37 + LR dp )

Lg%"c’l is the spatial- averaged sound pressure exposure level as measured in the reverberation chamber.

If we subtract both sides of the equation from the term L,z we get:

0.16V
T

Lpg = Lpg 10 = Lpg + 37 — LRE" — 10log; dB

which provides the main formula for calculation of G using a reverberation chamber:
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G = Ly + 37 — LEG" — 10logyo=—~ dB (7)

Eg. (7) says that G can be calculated just by measuring the relative sound pressure levels at the
reverberation chamber L’;eE”Ch and the room under measurement, L,z . The term relative is used to
emphasise that no absolute sound pressure levels are needed. In other words, as long as the equipment

stays the same in the reverberation chamber and the room, only the difference between the terms L,z and
LREVER is important — not their absolute values. This means that even negative values of Ly or LR“" are

still valid for our calibration.
For use in ODEON we can write eq. (7) as:

G = Lyp + ALRe"" dB (8)

LRevCh

where 4 is the calibration correction factor that ODEON applies to all L,z measurements:

0.16V
T

ALRevCh =37 — Lg%vCh _ 1010g10 dB (9)

2. Calculation of L, 10 in an Anechoic Chamber

To calculate Ly 1 inside an anechoic chamber, we make use of the theory about power estimation in free

jeld. According to this, the power level L,,, of an unknown source at a specific frequency can be calculated
w

from the average sound pressure level L‘;}E“h, measured at a specific radius around the source. Assuming

spherical propagation of sound, the power level is calculated from the following formula:

Ly = LOE" + 10log; o (4m) + 10logo(d?) dB(re 102 Watt)

(10)
= LR + 11 + 10log;0(d?) dB(re 102 Watt)

Where d is the distance (radius) from the source (preferably = 3m) and ngech is the spatial- averaged

sound pressure exposure level at every 12.5° around the source. At 10 meters from the unknown source
the sound pressure level becomes:

LpE,lO = LW - 11— 1010g10[(10m)2]
=1, —31 dB

(12)

The above implies that if the sound source had a known power level of 31 dB, then the sound pressure level
at 10 m would be 0 dB. Substituting equation (10) into (11) leads to:

LpE,lO = ngech + 2010g10(d) —20 dB (12)

If we subtract both sides of the equation from the term L,z we get:
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LpE - LpE,lO = LpE - ngeCh - 2010g10 + 20 dB

which provides the main formula for calculation of G using an anechoic chamber:

G = Ly — LA2eh — 20logo(d) + 20 dB (13)

Eqg. (13) says that G can be calculated just by measuring the relative sound pressure levels at the at the
anechoic room ngech and the room under measurement, L, ;. The term relative is used to emphasise that
no absolute sound pressure levels are needed. In other words, as long as the equipment stays the same in

the anechoic chamber and the room, only the difference between the terms L,z and ngech is important —

not their absolute values. This means that even negative values of L,z or L‘gﬁec" are still valid for our

calibration. For use in ODEON we can write eq. (13) as:

G = Ly + ALA™e" dB (14)

where ALA™€CR is the calibration factor that ODEON applies to all L, measurements:

ALAnech _ _ngech _ 2010g10(d) + 20 dB (15)

3. General remarks

In simple words, the whole calibration process means that ODEON derives the sound pressure level for a
receiver as if the source was an omni-directional source of power level 31 dB/Octave band.
Since version 16 of ODEON, the G value is always displayed in measured (and simulated) results. ODEON

automatically calculates G and its variations: Geary (taking into account the energy that arrives within 80ms
after the direct sound) and Giate (taking into account the energy that arrives later than 80ms, after the direct
sound).

Please note: If calibration has not been applied to the measurement files, then the G values displayed in
ODEON make no sense.

3. Equipment

1. Space

For the diffuse-field calibration method a highly reverberant and diffuse room is needed. The ideal type is
a reverberation chamber. If such a room is not available, a room with hard walls could be acceptable (eg. a
big garage or hall). However, the chosen room should be as diffuse as possible meaning that highly
symmetric shapes (eg. rectangular) must be avoided and some extra treatment might be required: placing
of hard, scattering objects around the walls or the floor. It is a good practice to check always for the degree
of linearity of the decay curve in each octave band through one of the X/ parameters. If X/ exceeds 10 °/o0
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this is an indication that the decay is strongly non-linear, because of flutter echo or due to impulsive noise
during the measurement. You can read more about the X/ parameter in the ODEON help file, which can be
easily accessed by pressing F1 while working with the measuring system. Another way to check diffusivity
practically, is to take a few measurements at random positions and see if the difference between the
minimum and the maximum reverberation time does not vary more than 10% at a particular octave band.

For the free-field calibration method a very dry room is needed. The ideal type is an anechoic chamber. If
such a room is not available, a small room with carpets and curtains could be used, since ODEON is able to
isolate the direct sound from the subsequent reflections with high success at medium and high frequencies.
At low frequencies the isolation is less successful because sound reflections overlap, due to the large
wavelengths. A good room for the free-field calibration should have a reverberation time of less than 0.3
sec at different positions.

2. Hardware and Software

The same equipment used in normal sweep-signal measurements will be used for calibration as well. That

is:

1) An omni-directional loudspeaker.

2) An omni-directional microphone.

3) Amplifier for the speaker (if a passive one is used)

4) Pre-amplifier if a dynamic microphone is used or phantom power — supplied from the audio interface -
if a condenser microphone is used.

5) Audio interface (preferably an external sound card and not the built-in into the PC).

6) Lap-top PC.

7) ODEON 13 and later (any edition).

8) Ear protectors (levels in the free-field calibration will most of the time be harmless as there are no
reflections in an anechoic chamber, while levels in the diffuse-field calibration can be substantially high).

For a comprehensive overview of the measuring system in ODEON and full guidance to the equipment setup,
refer to the User’s manual in Chapter 12.


https://odeon.dk/downloads/user-manual/
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4. Measurement setup
Start ODEON and open the options>Program Setup>Measurement Setup Window. Keep the settings under parameters for
detection of onset time @s they are.For G-parameter calibrations, it is not necessary to set a specific Source Power

@ Program setup — O b
|Paths |Auralisatior1 |Graphics exchange |Prir'|ter options |Grid setings  |Measurement setup | Gther settings |

Parameters for detection of onset time

Moise floor window length 50 = ms
Trigger level -40 (5| dB
Source Power Spectrum
Frequency 63 125 250 500 1000 2000 4000 8000 Hz ‘ Reset to Zero 1
Sound power [ 000 3| 0002 0002 0oof2][ o00f2][ o002 [ 0.0 2] 0.00l2] de Speech - 150 3382-3

Back ground noise spectrum {for RASTI, STI,..U{50)...)

Frequency 63 125 250 500 1000 2000 4000 8000 Hz
Background noise | §7.0 :| | 0.0 :| | 54.0 = | | 45.0 :| | 45.0 :| | 4.0 [= | | 43.0 :| | 42.0 :| dB
(when 3 room is assigned, the level of background noise is not specified here but in the room setup) Use only for STl calibration or

) ; . . any other custom spectrum.
Decay curve settings {(only used if no room is assigned)

Not necessary for G, as it is
Impulse response resolution ms Y ’

_ always calculated taking it
External adjusiments

Gain dB into account the 31 dB

spectrum automatically.

Figure 1: In the measurement setup the source power spectrum, the background noise and other parameters can be specified.

Spectrum. ODEON 16 and later will always provide G as a separate parameter, taking automatically into
account a source of power spectrum 31 dB/Octave. However, the system needs to be calibrated. For G-
parameter, no background noise is taken into account.

Validation exercise: As mentioned already in Sec. 2, the calculation of G is based on the assumption that
the source power spectrum is 31 dB/Octave band. If you manually insert that power spectrum in
Options>Program Setup>Measurement Setup, then the SPL and G values will become identical, because G is basically
SPL for an omni-directional source of 31 dB/Octave band (Figure 2). In other words, at 10m from the source
Lpg10 = 0dB  and therefore from Eq.(2) we have G = L.

Source Power Spectrum
Frequency 63 125 250 500 1000 2000 4000 8000 Hz Reset to Zero
Sound power [31.0 2] [31.0 (2] 31.0[2] [31.0[2][31.0 2] [31.0[2] 31.0[2][310/2] dB Speech - 1SO 3382-3

Figure 2: The power spectrum in Options>Program Setup>Measurement Setup affects the SPL shown in a measurement file. If
the Sound power in manually set to 31.0 dB, the SPL becomes identical to the automatically calculated G.

With the setting above the parameters for a receiver become:

SPL (dB) 23.3 25.5 22.9 25.5 26.9 25.8 23.4 18.6
G (dB) 23.3 25.5 22.9 25.5 26.9 25.8 23.4 18.6
G(early) (dB) 23.0 25.0 21.5 22.9 23.4 22.3 21.0 17.4
G(late) (dB) 12.5 15.8 17.4 22.1 24.2 23.2 19.7 12.4

Figure 3: When the sound power of an omni source is set to 31 dB /Octave power level, then the G value coincides with the SPL
value.
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1. Set the sweep parameters
Open the Measure impulse response (sinusoidal sweep) interface from the main toolbar:

VR Ik EEITE

EE XEE v P E

The interface looks like in Figure 4. A message like: “WARNING! Calibration file: “” not found. No calibration
applied.” may be displayed at the bottom of the window but it can be ignored at this phase.

24 Measure impulse response (sinusoidal sweep) E’
Measurement settings
P Test @i B stop Escape time [ms] 3000 % Sweep duration [ms] [SG00I ~
Output level Tnput kvel Sience before [ms] 65 -~ (Impulse response length/sience after [ms] 500 7
Input level Audio Devices
[dB] 0dB :: 0dB : R
-6dB — Py | Device  |MOTU Main Out (MOTU Audio Wave for 64 bit)
17 dB _ - 12 dB N [Hz] 48000
18 dB |- 18 dB S rInput Device
—I | Device MOTU Mic/Line (MOTU Audio Wave for 64 bit)
—{— -24 dB =~ -
[ o ype Individual channels Channels B
_: S : Advanced settings (optimize sweep)
-36 dB = -36 dB [ Sicen Siope
— —— || Pink (Exponential) v Spectrum slope B0~ | dB/Octave
-42 dB —— -42 dB —
|- ___| rFrequency range
-48 dB . -48 dB —— |ODEON ~ | First octave band |63 Hz (begins at 45 Hz)
54 dB :: 54 dB : Last octave band |8000 ~ | Hz (ends at 11314 Hz)
= "~ | -Sweep Spectrum Correction
HEGE e ~AGE | 63 125 250 500 1000 2000 4000 8000 Hz
66d8  ——  -66dB —| [ oEf[ o[ o[ o[ o[ o[ off[ o
72 dB :: 72 dB Calculate from impulse response | Suggested sweep length greater than 0.2 s
—_— — Reset
-78 dB —_— -78 dB —_
-84 db —— -84 dB —
90 dB —_— 90 dB —
-96 dB — -96 dB —_
| Playing test sweep
rudio input: MOTU Mic/Line (MOTU Audio Wave for &4 bhit)
Exclusive mode, bit depth = lébit
ZLudio output: MOTU Main Out (MOTU Zudio Wave for &4 bit)
Shared mode, bit depth = 32bit float
WARNING! Calibration file: "" not found no calibration applied.

Figure 4: The Measure Impulse response interface, as it looks in ODEON 16.

Measurement settings
In the Measurement Settings panel, the sweep duration and the estimated impulse response length can be adjusted,

together with other minor parameters. The longer is the sweep, the higher the suppression of the
background noise in the room. A 3 dB suppression is achieved for a doubling of the sweep length.
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Audio devices
In the Audio devices panel the input and output devices should be chosen. According to Section 3, an omni-

directional microphone and omni-directional speaker are needed as input/output devices. These should
preferably be connected to the PC via an external high-quality audio interface. In the example of Figure 4,
a MOTU 4 Pre Hybrid audio interface is connected to the USB port in the PC, while the speaker and
microphone are connected to the interface. This means that the input and output devices available in the
ODEON drop-down lists, are the MOTU Mic and Out lines respectively.

Advanced settings
In this panel keep the default Pink (Exponential) Sweep type, which is the most suitable setting for room

acoustic applications. Choose the desired Frequency range from the drop down. The 1so3382-1is the most relevant
in this application note (125 to 4000 Hz), since the G and STI parameters are defined in this standard.
However, you are always free to derive the parameters for the extreme 63 and 8000 Hz bands.

For this application, we completely ignore the sweep Spectrum Correction panel. The Test button plays the sweep
signal without recording any measurement. Click on the stop button to terminate the test. The sliders adjust
the internal Output/Input levels. Any other gain adjustments in the measuring equipment (windows mixer,
audio interface, amplifiers) belong to external gains. To perform an actual measurement, click on the start
button.

2. Adjusting the levels

The most important requirement for a calibrated measurement is that all external level (gain) adjustments
must be set to fixed values during the calibration and the measurement. Only the internal Output/Input
levels can be freely changed between recordings for calibration or measurement, since ODEON itself
compensates for the adjustment. During a recording ODEON makes sure the internal Output/input levels
are locked.

It is crucial at this point to decide which should be the value of the external levels during the measurement
in order to drive the room with an adequate signal to noise ratio without overloading. If overloading occurs,
ODEON automatically cancels the measurement. The best practice is to maximize the internal levels for
most recordings, so that if a few of them lead to overloading, you can freely reduce these internal levels
without harming the calibration settings. The most straightforward way of adjusting the external levels is
to maximize all values: Windows volume can be set to 100% and amplifier knobs can be turned to the
maximum value (Figure 3). Then all settings are easy to remember/replicate during the measurement).

However, one should be careful not to overload and damage the speaker! High output gains are also likely
to cause distortion. In addition, the gain of the microphone should be set to a level where the internal noise
does not become very high.

Often the amplifiers used are rather powerful for the speakers used so that a much lower gain is sufficient.
The corresponding value must then be clearly noted down for reference. Apart from that, no extreme sound
power output is needed if the equipment is able to derive a sufficient signal to noise ratio (spL/Noise
parameter inside ODEON) or decay range (eg. 45 dB), in normal room conditions (with moderate ambient
noise).

Exclusive mode
The WASAPI audio driver that ODEON uses in the measuring system, allows the exclusive mode to be
enabled for the input and output devices. This means that:

10
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1) The devices cannot be used by other applications at the same time, something that can guarantee that
the measurement is not interrupted — for example by an incoming video call.

2) The Windows levels of the devices are locked to the internal levels in ODEON. In other words, when you
move the sliders in the ODEON’s Measured Impulse response interface, the windows sliders move as well, at
the same amount. For example, if the ODEON sliders are maximized, the window sliders will maximize

too, etc.

= MOTU Mic/Line Properties

Gereral Listen Levels Advanced

Default Format

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

2 channel, 16 bit, 44100 Hz (CD Quality) w

X @ MOTU Main Out Properties X

General Supported Formats  Levels Advanced  Spatial sound

Default Format

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

2 channel, 16 bit, 48000 Hz (DVD Quality) ~ P Test

Exclusive Mode

Allow applications to take exclusive control of this device

Give exclusive mode applications priority

Exclusive Mode

Allow applications to take exclusive control of this device

Give exclusive mode applications priority

Restore Defaults

Restore Defaults

Cancel Apply Cancel Apply
B P P idal sweep)
Measurement settings
' Test . Start . Stop Escape time [ms] Sweep duration
— Outputlevel ol Silence before [ms] Impulse response length/silence after
— Audio Devices
[dE] o —_ 0d8 — ]
1 Output Device
| 6 dB -6 dB —— | Device |MO’I‘U Main Out (MOTU Audio Wave for 64 bit)
— = F
— 12 dB 12 d8 — Fela [a00 b
| 18 dB . Input Device
— — Device | MOTU Mic/Line (MOTU Audio Wave for 64 bit
— 24 dB ——
Individual channels
— 30 dB — -30 dB Advanced settings [P
— 36 dB — -36 dB MOTU Main Out (MOTU Audio Wave for 64 b...
42 dB —_— -42 dB
= — D) 100
—_— -48 dB —_— -48 dB

Figure 4: Exclusive mode ensures levels in ODEON and windows move together and no other applications use

the audio devices.

Sometimes, exclusive mode can cause conflicts with
ODEON and the audio interface, so that several
input/output devices cannot be selected from the
drop-downs or the level sliders cannot be moved as
desired. In such a case, deactivate Exclusive mode by
unchecking both boxes related to Exclusive mode in

Audio Devices
Output Device

Device | MOTU Main Qut (MOTU Audio Wave for 64 bit) v] @
Fs[Hz] |4s000 ~| /
Input Device Access the device

Channels

11
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the Advanced tab sheets of the devices’ properties (see Fig.4). The properties panel can be accessed from
within the Measure Impulse Response window in ODEON. Click the button on the right of the Input or Output
device.

3. Recording

After fixing the external level adjustments, recordings of impulse responses in the anechoic/dry room can
be performed by clicking the start button in the Measure Impulse Response Window. An introductory video on how
to obtain measurements in a room can be found on [6]. For a complete guidance, please refer to [1]. The
recordings are saved as .WAV files. Some trial measurements should be performed initially by varying the
internal levels until an adequate Signal to Noise Ratio (SNR) is achieved. It can be desirable to make the
measurement with the highest possible SNR, achievable without overload, but this is not required. NOTE:
Use ear protectors to prevent hearing damage!

An indication of the quality of the SNR can be obtained by loading the recording on the Load impulse response
tool, ™ (under the Tools menu). After each measurement, ODEON loads the impulse response automatically.
The SNR is important only in the diffuse-field calibration, where a decay range of at least 40 dB is desired. In
the free-field calibration the impulse response is so short, so that no value of the decay range can be
displayed.

5. Making a Diffuse-field calibration

In this section we will follow the diffuse-field calibration process step by step, using one of the reverberation
chambers at the Technical University of Denmark and Auditorium 21 at the same campus. See more details
at the picture description below. You can test the process yourself with the measurement files available in

the Measurements\Calibration\Diffuse-field method and Measurements\Calibration\Auditorium 21 folders which come with the
ODEON installation.

The diffuse-field calibration should be done
ideally in a reverberation chamber. For this
application note, the Large Reverberation
Chamber at the Technical University of
Denmark has been used. The volume of the
chamber is 245 m3 and provides a
reverberation time of about 8 sec at low
frequencies. Reflective panels are placed
near the walls at various angles in order to
distribute reflections evenly and enhance
the diffusivity of the sound field. Even when
another type of room is used for the
calibration, a diffuse sound field should be
achieved, utilizing some scattering surfaces
or objects. A perfect, rectangular room with
hard walls would lead to flutter echoes
(visible in the impulse response) that would
violate the assumptions of linear decay,

taken for the diffuse-field calibration.

12
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1. Making sure all external levels are fixed

The most important step in the calibration process is to decide on all external gains before starting
(input/output volume in soundcard, gains in the amplifiers etc.). Also make sure all your connections in the
equipment use the same cables, as each cable has its own impedance and this can affect the input/output
levels.

Both levels and cables have to remain the same between the Reverberation Chamber and the actual room
under measurement.

2. Taking measurements in the Reverberation Chamber

Following the guidelines of the previous section we will measure the impulse response at 2 source and 3
receiver positions, which gives 6 combinations. After saving each measurement, ODEON loads the result
automatically. An example of a successful impulse response in the reverberation chamber is given in Figure
5, where all parameters have been derived. The sound strength parameter (G) is has some abstract value,
as the system is not calibrated yet. In the diffuse-field calibration you should always check that all
Reverberation and SPL values have been derived at all octave bands. A “*” character means that ODEON
was unable to derive the corresponding value from the impulse response (eg. due to insufficient signal to
noise ratio/ decay range). In such a case, you have to change the sweep parameters, as described in the
paragraph ‘Set the sweep parameters’ in Section 4.

You can find an example of measurements inside the reverberation chamber in the

Measurements\Calibration\Diffuse-field method folder.

* Measured response - E\..\1stluly2015\CalibrationReverbChamber\Dodecahedron\S 1R6.wav E@
‘Frequency Response ‘Cepstrum ‘Spectrogram ‘P\ay it! ‘
Raw Impulse response at 1000Hz ‘Raw decay curve at 1000Hz ‘Demy curves at 1000Hz T(30) = 4.69 seconds Decay curves (al bands) ‘Energy parameters Parameter bars
~

Band (Hz) 63 125 250 500 1000 2000 4000 8000
EDT (s) 7.58 6.40 6.70 5.46 4.38 3.51 2.19 1.40
T(15) (s) 7.50 7.47 6.87 5.86 4.82 3.59 2.42 1.49
T(20) (s) 7.71 7.52 6.91 5.88 4.73 3.64 2.46 1.54
XI(T(20)) (%) 2.1 2.3 0.9 0.4 0.6 0.6 0.7 1.1
T(30) (s) 7.84 7.41 6.97 5.91 4.69 3.66 2.59 1.63
XI(T(30)) (%) -9 1.1 0.4 0.4 0.5 0.3 1 1.7
Curvature(C) (%) 1.7 -1.6 0.9 0.6 -0.8 0.4 5.3 5.9
Ts (ms) 547 479 473 390 310 244 143 87

i - - - - - - -
G (dB) -8.8 10.8 13.3 8.7 8.2 10.5 8.8 6.6' G is not calibrated yet.
ST =5 = 5= - - - = 5= =
G(late) (dB) -11.3 9.3 12.0 7.4 6.8 8.5 5.8 2.1
SPL(AT) (dB) -66.0 -36.4 -26.3 -25.6 -22.8 -19.3 -21.3 -25.6
SPL(Direct) (dB) -51.1 -31.0 -30.7 =37-3 -37.2 -32.6 -33.0 -36.7
D(50) 0.34 0.24 0.20 0.20 0.20 0.29 0.41 0.51
c(7) (dB) -7.4 -6.8 -8.6 -10.7 -10.3 -8.3 -6.2 -5.4
C(50) (dB) -2.8 -5.0 =50 -6.1 -6.0 =30 =16 0.1
C(80) (dB) -1.0 -3.9 -4.3 -4.6 -4.0 -2.4 0.0 2.5
u(so) (dB) -75.4 =573 -55.6 -60.4 -60.7 -56.9 -57.1 -58.4
u(80) (dB) -74.4 -56.5 -54.3 -59.2 -59.2 -55.9 -56.3 -57.4
MTI(corrected) I LA 0.00 0.00 0.00 . 0.00 0.00 0.00
Echo(Dietsch) 0.78 0.82 0.73 0.64 0.54 0.49 0.48
Source power (dB) 0.00 0.00 0.00 0.00 0.00 0.00 0.00
Background noise (dB) 31.00 31.00 31.00 31.00 31.00 31.00 31.00
L/Noise (dB) 92.77 108.14 106.36 99.21 100.63 100.97 95.35
Peak/Noise (dB) 49.38 72.03 72.29 67.29 77.39 81.54 78.97
Decay range (dB) 42.47 60.59 60.27 54.27 58.23 59.46 56.27
SPL(A) -14.9 dB
SPL(Lin) -12.5 dB
SPL(O) -12.8 dB
SPL(A_Direct) -27.1 dB
STI 0.00
STI(Female) 0.00 v

Figure 5: Room acoustic parameters from a healthy impulse response recording inside the reverberation chamber. A sufficient
decay range for each octave band makes sure that all parameters are derived.
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3. Performing the calibration

Once all measurements in the reverberation chamber have been completed, follow the next steps to
perform the calibration:

1) Click on Tools>Measurement Calibration>Diffuse field>One step (requires fixed signal chain). ODEON asks for the volume of the

reverberation chamber and then for the impulse responses. Select the files all together using the SHIFT or
CTRL key and open them at once.

2) ODEON then uses the SPL and T_3o parameters to derive the calibration values for the eight octave bands
between 63 Hz and 8000 Hz, as an average from the different positions (

Figure 6). The calibration values ALR¢7C" are displayed at the bottom of table are calculated by eq.(9).

3) After all files all loaded, a dialog pops up and asks for a name of the calibration file. You are prompted to
set the file as the active calibration file in the Measurement setup, Which is going to be used with the following
measurements.

4) It is possible to change the active calibration file at a later point in the Measurement setup. However, if the
input and output devices are different from those used during the generation of the calibration file, ODEON
gives a warning for device mismatch, meaning that all level dependent parameters will not be calibrated.

5) You can now launch the Measurement setup window to check whether the active calibration file is the correct

one.
> o i =il
< , S — P —— =Rl
Ral [red (- MAY 1 3 1 = [=[[E3 ‘
") £ o wARNING 3 paremeters could nt be derved! - Measured response -E =Rl
R (el o pressured response - =@z
R3) |Frequency Response Cepstrum | spectrogram Play itt
Raw Impule response at 1000Hz [Raw decay curve at 1000Hz | Decay curves at 1000Hz T(30) = 4.47 seconds | Decay curves (al bands) |Energy parameters |Parameter bars ‘

Raw Impulse response at 1000Hz
E:\...\MAY_1st_CalibrationTest\ReverberationChamber\S1R8.wav

7 ~ Pressure
P Onset time
6 @+« Truncation time
5
4
{ 3
2
g 1 i
Y [ @ sp and T30 catiration values E=REEETX"
= Fie name SPL@63 Hz 3PL@125 H:i 5PL@250 Hz SPL@500 Hi PL@1000 H PL@2000 H PL@4000 H PL@B000 H T30@63 Hz M30@125 Hi M30@250 H: N30@500 H 30@1000 H 30@2000 H 30@4000 H 30@8000 H
SIRLwav 4693 | -27.65  -2473  -2834 2882 2620 2896  -30.33 8.44 7.3 6.40 5.65 447 3s2 235 131
S1R2.wav -47.93 -25.61 -23.75 -28.66 -29.59 2743 -29.95 -32.30 htiid 6.74 641 5.70 472 3.56 296 146
SIR3.wav 4846  -2670  -2363  -2864 2937 2696 3032  -32.05 847 7.38 657 5.86 454 341 240 136
S1R4.wav -46.15 -24.92 -23.00 -28.46 -28.68 -27.02 -29.69 -29.90 16.21 6.87 6.49 5.78 453 346 237 128
SIRS.wav 4631 2762 2473 213 2896 2701 3015 3227 xex 7.72 638 5.67 453 351 244 1R
S1R6.wav -46.45 -27.09 -24.56 -29.08 -29.50 -27.34 -30.08 -31.93 7.93 754 6.64 5.77 4.47 3.53 236 1.30
Average 4696 -2647 2402 2871 2912 2698 2984 3135 1026 7.25 6.48 5.74 454 350 248 134
= ED 0.8 i i 0.35 O ﬁ 0.10 029 0.0 0.34 0.09 0.40 0.05 044 0.21 098 0.06
- Diffuse Calbration 47.11 25.12 2217 2634 2574 2246 282 2265 I
: .

Calibration values to be added on the SPL
measurement, in situ.

Figure 6: Calibration values (factors) derived from 6 measurements inside the Reverberation Chamber. The values are
calculated according to eq.(9) and will be added in the SPL measurements in the real room, in order to derive the G values (see
eq.(8)).
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4. Performing calibrated measurements

Measurements can be performed with the Measure Impulse Response (Sinusoidal Sweep) tool, as shown in Sec. 4.
Calibration will be applied once the recorded Impulse response .WAYV files are loaded with the Load impulse
response tool, ™ (under the Tools menu). If there is a mismatch between the input/output devices used to
derive the calibration file and the ones used for the measurement, a warning is displayed and no calibration
is applied.

Assign calibration to existing measurement

It is possible to measure first and calibrate the equipment afterwards as long as the external gains are fixed.
When the measurement is finished a calibration file can by assigned by clicking Tools>Measurement calibration>Assign

Calibration to Existing Measurements.
An example of calibrated measurement is shown in Figure 7, with the calibration file from

Figure 6. You can test the function on your own with the files in Measurements\Calibration\Auditorium21 folder. For
this example use only the files labelled as ‘FixedGain’.

- = e

Fre - [= B[R]
R [Erd [lmlezl]
& - WARNING max. XI = 63.87 at 250 Hz - Measured response - E\.\Measurements_AuditoriumDTU\Auditorium2 1\S 1R4FixedGain.wav E@
Ral [Frequency Response [cepstrum | spectrogram [Pay it |
|Raw Impuise response at 1000Hz Raw decay curve at 1000Hz [Decay curves at 1000Hz T(30) = 0.53 seconds Decay curves (all bands) [Energy parameters Parameter bars
~
Band (Hz) 63 125 250 500 1000 2000 4000 8000
EDT (s) 0.88 0.41 0.38 0.39 0.47 0.59 0.53 0.42
T(15) (s) 1.14 0.43 0.41 0.46 0.56 0.64 0.54 0.44
T(20) (s) 1.16 0.42 0.40 0.49 0.54 0.62 0.54 0.44
XI(T(20)) () 25.9 65.9 63.9 6.8 1.6 2.1 0.6 1.1
T(30) (s) 1.12 0.57 0.45 0.47 0.53 0.60 0.54 0.45
XI(T(30)) (%) 13.4 37.8 21.1 2.8 1.4 1.3 0.4 0.6
7 |Curvature(©) (€] =38 37.7 12.1 Do -2.9 =53 -0.5 -2
Ts (ms) 57 20 20 23 26 27 30 22
o
G (dB) 28.7 23.4 24.1 23.4 23.6 23.2 22.7 21.8 I
Teaarty) (L) s 25 0 255 L e 2 ™0
G(late) (dB) 13.8 4.3 6.3 O 10.7 11.7 12.0 8.4
SPL(AT) (dB)  -28.6 -23.8 -15.6 -10.9 -7.4 -6.6 -7.3 -10.3
SPL(Direct) (dB) -10.4 -12.1 -11.8 -14.2 -13.5 =152 =17/ =173
D(50) 0.92 0.95 0.96 0.89 0.88 0.86 0.81 0.87
@ (dB) =32 4.4 3.8 A7 1.2 2.4 -1.1 -1.0
C(50) (dB) 10.7 13.1 13.5 9.1 8.5 7.9 6.2 8.2
C(80) (dB) 14.7 19.1 17.7 14.0 12.8 11.2 10.4 13.3
u(s0) (dB) -33.7 -38.8 -38.1 -39.2 -38.9 =385 -40.2 -40.8
u(80) (dB)  -33.5 -38.7 -38.0 -38.8 -38.6 =% -39.6 -40.4
MTTI(corrected) B30 0.00 1.00 0.00 0.00 0.00 0.00 0.00
Echo(Dietsch) 0.56 0.39 0.38 0.41 0.46 0.40 0.42 0.41
Source power (dB) 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00
Background noise (dB) 31.00 31.00 31.00 31.00 31.00 31.00 31.00 31.00
L/Noise (dB) 82.25 106.78 107.37 99.24 99.97 96.87 98.97 93.69
Peak/Noise (dB) 44.65 77.54 80.95 74.24 79.36 79.83 80.43 79.80
Decay range (dB) 38.60 70.02 74.58 63.49 62.82 61.15 64.86 59.10
SPL(A) -1.0 dB
SPL(Lin) 2.4 dB
SPL(O) 1. dB
SPL(A_Direct) -7.6 dB
STT 0.14
STI(Female) 0.12 ™

Figure 7: Diffuse-field calibration applied to four impulse response measurements inside Auditorium 21.

Remove calibration from existing measurement
It is also possible to remove calibrations from measurements that are already calibrated. Select

Tools>Measurement calibration>Remove Calibration for Existing Measurements t0 choose the measurement files you want to
remove the calibration from and press OK.
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6. Making a free-field calibration

In this section we will follow the free-field calibration process step by step, using one of the anechoic
chambers at the Technical University of Denmark, and Auditorium 21 at the same campus. See more details
at the picture description below. You can test the process yourself with the measurement files available in

the Measurements\Calibration\free-field method and Measurements\Calibration\Auditorium 21 folders which come with the
ODEON installation.

The free-field calibration should be
done ideally in an anechoic chamber.
For this application note the small
anechoic chamber at the Technical
University of Denmark has been used.
The volume of the room is about 60 m3.
Although the method theoretically
requires an anechoic room (no
reflections from the surfaces), the
implementation in ODEON allows the
user to use even an ordinary room, but
as dry as possible. The main process in a
free field calibration is to derive the
energy of the direct sound from the
source to the receiver. ODEON applies
an algorithm which excludes the
reflections coming after the direct
sound. However, the algorithm works
better as these reflections become

weaker.

1. Making sure all external levels are fixed

As with the diffuse-field method, it is crucial to decide on all external gains before starting (input/output
volume in soundcard, gains in the amplifiers etc.). Also make sure all your connections in the equipment
use the same cables, as each cable has its own impedance and this can affect the input/output levels. Both
levels and cables have to remain the same between the Anechoic Chamber and the actual room under
measurement.

2. Taking measurements in the Anechoic Chamber

The source and receiver positions are much more critical than in the reverberation chamber. From Eq.(13),
it can be seen that the distance d between the receiver and the source is an important variable. Ideally the
following guidelines must be applied (see Figure 8):

1. The source must be fixed in the middle of the chamber.

2. The receiver (microphone) should be placed ideally at minimum 30 spots around the source, every 12°,
for a full 360° circle. For a coarser measurement, 15 spots, every 24° can be acceptable.
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3. Make sure no receiver position is closer than 1m to the wall.

4. The distance (radius) d between the receiver and the source should be fixed and preferably greater than
3m. This distance should be as precise as possible, because the measured sound pressure level can vary
significantly with slight changes. A good tip is to use a piece of rope with nooses at the end, tied at the
source and microphones stands. Stretching the piece of rope every time you move the microphone around
the source will ensure a fixed distance from it. Figure 9 illustrates the geometry for a free-field calibration,
according to this principle.

5. Place the source and receiver in a sufficient height to ensure enough separation between the direct sound
and the first reflection (see Figure 9). A good guideline is that both source and receiver height is at least 1m
above the floor. ODEON will use the heights of source-receiver and distance between them to automatically
truncate the impulse response.

Note: When the measurements are taken in a high-quality anechoic room there is no need for truncating
the impulse response as there are virtually no reflections. In this case it is advisable to set a high value for
the heights (around 10 m) in order to ensure that the whole energy associated with the direct sound is
included. Besides, an anechoic room usually has a phantom floor: Source, microphone, people and
equipment stand on a metal grid far above the absorptive wedges in the bottom of the anechoic chamber.
So practically, there is no floor to create reflections.

Microphone
positions

> Source
e

Fixed Radius (preferably >3m)

Figure 8: Diagram of measurement positions for free-field calibration. The source should be fixed roughly at the centre of the
room and the microphone should be placed at a fixed radius around the source. Ideally 30 positions are required (red spots) but
15 is also an acceptable number. That will correspond to every 12° — 24°. The main advantage of this method is that only basic
equipment and a piece of rope is necessary. The main disadvantage of the method is the large space required.
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1

Stretched piece of rope

Source height

\

Receiver height

Figure 9: Geometry for impulse response recording in the anechoic/dry room. It is advisable to use a piece of stretched rope with
loops to ensure constant distance between source-receiver (preferably <3m). ODEON needs to know the time difference between
the arrival of the 1st reflection and the direct sound (tz-t1). This is calculated by entering the source and receiver heights, as well as

the source-receiver distance.

The method described already requires some generous space of at least 3m radius, plus 1Im from every wall.

This can be an impractical requirement. An alternative method is to fix the microphone position and rotate

the source instead, on a turntable. It could be argued that the first method is more accurate, as it averages

the uneven reflections from the room at the different microphone positions. However, if the free field is

evenly distributed inside a well-designed anechoic chamber, the second method requires far less space (see

Figure 10).

Source turned every 12°-24°,

position

Distance from Microphone
(preferably >3m)

Fixed microphone

Figure 10: Alternative way of measuring around the source. In this case the microphone is fixed a distance greater than 3m from
the centre of the source. The source should be rotated every 12° —24°, which gives 30 or 15 measurement angles respectively. The
main advantage of this method is that only about half of the space is required, comparing to the previous method. The main
disadvantage of the method is the necessity of a turntable or another accurate device to rotate the source at precise angles.
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For our example, following one of the two layouts proposed in Figure 8 and Figure 10 we measured the
impulse response at 15 spots. The measurements were performed in small anechoic chamber where 3m
distance between receiver and source was not possible. Therefore, for this example, which is merely a test
of the method, we used only 1m distance.

An example of a successful impulse response in the anechoic room is given in Figure 11, where all SPL
values have been derived. The sound strength parameter (G value) is not derived as the measurements are
not calculated yet. It should also be expected that SPL can have very low values (even negative, meaning
much lower sound pressure than the reference 20 pPa). In the measurements taken inside the anechoic
chamber, “*” characters are expected for most of the reverberation or clarity parameters, because any
impulse response is truncated too early - at the direct sound. What matters are the values of SPL, and you
should check that all have been derived.

I+ Unable to derive decay parameters for: 4000, 2000, 1000, 500, 250, 125 Hz band(s) - \ d response - E\..\Measurements_AuditoriumDTU\AnechoicChamben\S1R1.wav (= N x|
‘Frequencv Response |Cepslrum |Speclrogram ‘Flay it |
‘Raw Impulse response at 1000Hz Raw decay curve at 1000Hz |Decay curves at 1000Hz T(30) = 0.03 seconds Decay curves (all bands) |Energy parameters Parameter bars
~

Band (Hz) 63 125 250 500 1000 2000 4000 8000

EDT (s)
T(15) (s)
T(20) (s)

XL(T(20)) (€5)
T(30) (s)

XI(T(30)) %)
Curvature(C) %) . :
SPL (dB)  -59.2 -37.2 -33.9 -39.7 -40.2 -36.5 -38.8 -10.6] SPL is the parameter of interest
9] cacy 5 = 5 5 = 5 5 z . . . .
G(early) (dB) in free-field calibration.
G(late) (dB)
SPL(AF) (dB)
SPL(Direct) (dB)
D(50)
() (dB)
C(50) (dB)
C(80) (dB)
u(s0) (dB)
u(s0) (dB)
MTI(corrected)

Echo(Dietsch) . LI L . . L .
Source power (dB) 0.00 0.00 0.00 0.00 0.00 0.00 0.00

Background noise (dB) 31.00 31.00 31.00 31.00 31.00 31.00 31.00

L/Noise (dB) x xw * W * % x xw & W *_x% x_ww

Peak/Noise (dB)
Decay range (dB)
SPL(A)
SPL(Lin)
SPL(O)
SPL(A_Direct)
STL KR
STI(Female) LA v

Figure 11: Room acoustic parameters from a healthy impulse response recording inside the anechoic/dry room. Since only the
direct sound is taken into account, it should not be expected to obtain all acoustic parameters. The only relevant parameter is SPL.

3. Performing the calibration

Once all measurements inside the anechoic chamber have been completed, follow the next steps to
perform the calibration. For this exercise you can use the measured files found in the
Measurements\Calibration\free-field method folder.

1) Click on Tools>Measurement Calibration>Free field>One step (requires fixed signal chain). ODEON asks for the source-
receiver heights and the distance between them. All geometric values used are shown in the ODEON
geometry dialog in Figure 12.
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2) Close the geometry dialog window to confirm. ODEON will ask for the impulse responses in the anechoic
chamber. Select the files all together using the SHIFT or CTRL key and open them at once.

2) ODEON uses the geometric data of source and receiver to derive the SPL of the direct sound for the eight
octave bands between 63 Hz and 8000 Hz, as an average from all measurement positions (Figure 8 or Figure
10). The calibration values ALA™¢" | calculated using eq.(15) are displayed at the bottom of table.

3) After all files are loaded, a dialog pops up and asks for a name of the calibration file. You are prompted
to set the file as the active calibration file in the Measurement Setup, which is going to be used with the
following measurements.

4) It is possible to change the active calibration file at a later point in the Measurement Setup. However, if the
input and output devices are different from those used during the generation of the calibration file, ODEON
gives a warning for device mismatch, meaning that all level depended parameters will not be calibrated.

5) You can now launch the Measurement Setup window to check whether the active calibration file is the
correct one.

»- for. 4 ), ) L \ A A [STEles]]
FIE : =@
R [ o = =153 \1
" e - r . . = [l
e - . i — « : = ==
*3 |Frequency Response | Cepstrum (@ Free Field Calibration - m} x _ Payi :
Raw Impuise response at 1000Hz Raw decay curve at 1000Hz ‘Decavcuré Geometic Valies I: Energy parameters Parameter bars
Raw Impulse reg Source Height 10.00 /5| metres
E:\..\Measurements_Auditoriumi
30 | Receiver Height 10.00 |5 metres [ °— Pressure
1 Source Receiver Distance |l.DO ;' metres ~--+ Onset time
25 | r = Truncation time
20 T T T T T
15 (7 SPL calibration values
i ] - Fie name SPL@E3 Hz SPLE125 Hi PLE2S0 Hi SPLES00 H2 PL@1000 H PLE2000 H PLE4000 H PLESI0D H
| SiRLway 59.15 | -37.18 3392 3960 4018 3651 3875 4059
5 i1y SIRZvav -58.98 3725 3408 4004 4272 3604 4000 4051
I i | S1R3wav 5773 206 300 025 4149 3305 G222 A7
= 0 T SiR4vayv 5556 -36.62 3347 3804 3713 3146 3526 3529
o _5 I { S1RS.wav -53.80 -36.22 -32.99 -36.54 -35.99 -35.62 -33.36 -32.69
SIR6 vy s113 3621 3281 3593 3626 3446 3445 3226
-10 i SIR7 v 5276 3619 282 35.93 34.44 3391 3184 3042
15 SIRBwav 5317 3623 3285 3604 3554 38.18 3620 3415
: SIRSvav 5369 -3630 3294 3624 3546 3459 3826 3540
-20 SIR10mav 5429 3641 3316 3677 3560 3541 3295 3235
SIR11wav 5555 3656 338 37273 G722 3242 3624 3735
= SIR1Zwav -S684 3677 3372 3836 0823 3824 OS73 248
-30 SIR13mav 5810 -37.03 3395 4047 4437 3458 3381 -33.03
_002 _001 0 001 002 SIR14.wav 58.81 -37.24 3407 -40.10 -44.09 36.62 -39.32 -36.17
Tln SIR15.wav +55.56 36.62 -33.47 -38.04 -37.13 -31.46 35.26 -35.29
Average s5.27 36.64 3341 3774 -37.48 3437 3492 3392
‘ -5 = e anm o n oo ca
'2 Free Field Calbration 44.27 25.64 22.41 26.74 26.48 2337 23.92 22ﬁ
2R

Calibration values to be added on the SPL
measurement, in situ.

Figure 12: Calibration values (factors) derived from 15 measurements inside the Anechoic Chamber. The values are calculated
according to eq.(15) and will be added in the SPL measurements in the real room, in order to derive the G values (see eq.(14)).

At this point, we can actually see great similarities between the calibration values of Figure 6 and Figure 12.
According to Eq.(8) and E.(14) we expect that the final calibration values from both the diffuse-field and the
free-field method must be identical, as soon as the conditions are ideal. In our case, several errors
contribute to deviations between these values. However, the agreement is convincing. Reasons for possible
disagreement are:
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1. The reverberation or anechoic chambers are not ideal. This means that the first is not reverberant enough
or perfectly diffuse and the second is not dry enough at all positions.

2. Not enough receiver (microphone) positions used.
3. Receiver not equally distant from the source in the anechoic chamber.
4. Instabilities of source output, especially at low frequencies.

5. Not precise detection of onset and truncation times, especially at the lowest octave bands, because of
greater wavelengths.

Note

If the input and output devices are different from those used during the generation of the calibration file
ODEON gives a warning for device mismatch, meaning that all level depended parameters will not be
calibrated in future measurements. You can now launch the Measurement setup window to check whether the
active calibration file is the correct one.

4. Performing calibrated measurements

At this point the exact same process is followed as in Sec. 5. 4, for the diffuse-calibration measurements.
The only difference is that another calibration file is active, which comes from the free-field method. As
with the diffuse-field calibration both the Tools>Measurement Calibration>Assign Calibration to Existing Measurements and
Tools>Measurement Calibration>Remove Calibration from Existing Measurements functions can be used to assign or remove
calibration after the actual measurements have been performed. You can test the functions on your own
with the files in Measurements\Calibration\Auditorium21 folder. An example is given below, where the derived G
values are close enough to the ones derived using the diffuse-field method in Figure 7.

- s lE ]

ﬁ > [=[E=]

Ra R ——
Fre - (=[5 [&3]
Ral

Fre. - WARNING max. XI = 63,88 at 250 Hz - Measured response - EA.\OrdinaryRoom - 15tepAnechoicCalibrated\S1RAFixedGainwav F=nEOh %=
Ra |Frequean Response ‘Cepstrum ‘Spectrogram |Plav'l! ‘

Raw Impulse response at 1000Hz Raw decay curve at 1000Hz ‘Decay «curves at 1000Hz T(30) = 0.53 seconds. Decay curves (al bands) |Energy parameters Parameter bars

~

Band (Hz) 63 125 250 500 1000 2000 4000 8000

EDT (s) 0.88 0.41 0.38 0.39 0.47 0.59 0.53 0.42

T(15) (s) 1.14 0.43 0.41 0.46 0.56 0.64 0.54 0.44

T(20) (s) 1.16 0.42 0.40 0.49 0.54 0.62 0.54 0.44

XI(T(20)) (%) 253 65.9 63.9 6.8 1.6 240 0.6 1.1

T(30) (s) 1.12 0.57 0.45 0.47 0.53 0.60 0.54 0.45

XI(T(30)) (%) 13.4 37.8 21.1 2.8 1.4 1.3 0.4 0.6

Curvature(C) (%) -3.8 37.7 12.1 -3.3 -2.9 -3.3 -0.5 1.2

Ts (ms) 57 20 20 23 26 27 30 22

P -

G (dB) 25.8 23.9 24.3 23.8 24.4 24.1 22.8 22.1 I

CCearty) L0 1: 39 - 30 - 3-8 ] 1.9

G(late) (dB) 10.9 4.8 6.5 9.6 11.4 12.6 Az 8.6

SPL(AF) (dB) -31.4 =23-3 -15.4 =105 -6.6 =57 =02 -10.1

SPL(Direct) (dB) =13).3 -11.6 =10L.3 =113).63 =iz.7 =123 =i/l =17.7

D(50) 0.92 0.95 0.96 0.89 0.88 0.86 0.81 0.87

@ (dB) =3 4.4 3.8 1.7 1.2 2.4 =il =1L

C(50) (dB) 10.7 13.1 13.5 9.1 8.5 70 6.2 8.2

C(80) (dB) 14.7 19.1 17.7 14.0 12.8 11.2 10.4 13.3

u(s0) (dB) -36.5 -38.3 -37.9 -38.7 -38.2 -38.6 -40.1 -40.5

u(so) (dB) -36.3 =il -37.8 -38.4 -37.8 -38.2 =35 -40.1

MTI(corrected) Fa g 0.00 0.00 0.00 0.00 0.00 0.00 0.00

Echo(Dietsch) 0.56 0.39 0.38 0.41 0.46 0.40 0.42 0.41

Source power (dB) 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00

Background noise (dB) 31.00 31.00 31.00 31.00 31.00 31.00 31.00 31.00

L/Noise (dB) 82.25 106.78 107.37 99.24 99.97 96.87 98.97 93.69

Peak/Noise (dB) 44 .65 77.54 80.95 74.24 79.36 79.83 80.43 79.80

Decay range (dB) 38.60 70.02 74.58 63.49 62.82 61.15 64.86 59.10

SPL(A) -0.5 dB

SPL(Lin) 2.1 dB

— SPL(O) 1.6 dB
L | SPL(A_Direct) -7.0 dB

STI 0.00
L_||STI(Female) 0.00 v
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Figure 8: Free-field calibration applied to four impulse response measurements inside Auditorium 21.

7. Two-step calibration

So far, we have seen that external gains in any device in the equipment and various connections have to
remain fixed all the way from calibration to the actual measurement. Although it is always recommended
to write down all gain settings in the amplifiers, the audio interface and the PC, it is very common to miss
this information, especially if calibration was done long before the actual measurement. In this section we
introduce the concept of two-step calibration which provides extra safety in case external gains in the
measuring equipment have been changed accidentally, and high versatility when the user needs to readjust
the gains on purpose. The benefits of a two-step calibration can be summarized as:

1) Correcting for accidental changes in output or input gains — for any part of the chain (audio interface, PC
volume, loudspeaker amplifier, microphone amplifier).

2) Correcting for intentional changes in output or input gains. For example, when the gain settings used
during the calibration are not sufficient to drive the room on-site, they need to be increased.

3) Allows the user to change part of the equipment — audio interface, amplifiers — as long as source and
microphone stay the same.

1. Method
The two-step calibration is essentially one more step added to the basic methods, as they are described in
sections 5 and 6. The initial part of a two-step calibration is therefore identical with one of the two basic
methods. The second step is simply a measurement of the actual output of the source during the calibration
procedure.

A Two-step calibration using the Diffuse-field method is available at Tools>Measurement Calibration>Diffuse-field>Two-

step (requires in-situ correction).

A Two-step calibration using the Free-field method is available at Tools>Measurement Calibration>Free-field>Two-step

(requires in-situ correction).

@ODEON 16.02 Combined - <No Room Assigned>
File Toolbar Options Window Tools Help
e @ %| BBk F & Directivity patterns b | ‘ | A e | [
Create filtered HRTF
& Audio FX's

Create average of multiple impulse responses

By Measure IR (sinusoidal sweep)

W Load impulse response Shift+Ctrl+L
Measurement Calibration Diffuse-field One step (requires fixed signal chain)
Figure of 8 Microphone Calibration Free-field 4 Two step (r(ﬁuiles in-situ correction)

Generate grid colour scale file (*.clr) In-situ correction

nvestigation of simulation parameters Assign calibration to existing measurements

Remaove calibration from existing measurements

Calculator I

The main concept of the two-step calibration is that the whole chain of gains in the measuring equipment
is considered as a black box and what matters is only the final output from the omni-directional source. Any
change in the gains in the measuring equipment is assumed to affect the source output linearly. Therefore,
one can measure the level by the source at a known distance from the source during the calibration and
during the actual measurement and find the exact difference in the gain (if any) between calibration and
measurement. Since we want to measure the sound pressure level of the source only, the same process of
truncating any reflections as in the Free-field calibration is applied.
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As described in Sec. 5 and 6, when the main diffuse or free-field calibration finishes ODEON derives a
calibration value for each octave band and stores it in a calibration file. The following will be described for
the Diffuse-field calibration, but can be directly applied to the free-field as well.

The correction value after a diffuse-field calibration is ALR€C" and it is given by eq.(9). For the two-step
calibration we simply follow two extra steps:

1. While the equipment is still inside the Reverberation Chamber, we place the microphone at a specific
distance d from the source and we measure the Level, which we will denote by Lf,’ca”b. This level is now
registered, so that any deviation from now on will be trackable.

2. During the actual measurement we place the microphone at the same distance d and preferably in front

Lf,‘Meas. This measurement is called In-situ

of the same unit as we did for the calibration. The new SPL is
correction. The final calibration values will be then:

ALgal,final — ALRevCh _ (L.;,Meas _ L;,Calib) dB

Lgal,final — ALRevCh + L.;,Calib _ L;,Meas (15)

Apparently, when all gains are unchanged during the calibration and during the measurement,

Cal,final
Lp f =ALR€vCh

This condition corresponds to a basic calibration, as described in Sec. 5, where the whole setup and gains
remain unchanged from the reverberation chamber to the on-site measurement. Figure 13 shows the
concept schematically. A change in the gain in the equipment does not necessarily affect all frequencies in

the same amount. In other words, the shift in the frequency response when measuring the Lf,'ca”b and the

Lf,’MeaS might not be linear (see Figure 14). This is why Eq. (15) is calculated eight times, one for each octave

band.
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Second-Step

Gains during a Measure source
Diffuse-field calibration output —
Calculate difference

In-situ correction ™ and make adjustments

Measure source
output —

Gains during
actual measurement

Figure 13: The concept of a Two-step calibration. When all recordings for the main diffuse-field or free-field calibration have
been completed, one extra recording is taken still in the same calibration room at a specific distance from the source. The same
recording is taken afterwards in the actual room. If any change has been made in the gains of the equipment it will be found as a
supplementary adjustment.

A Final Output

~\

SPL(dB)

Initial Output

1 1 1 I I 1 1 1 >

63 125 250 500 1000 2000 4000 8000

f(Hz)

Figure 14: Changing any of the gains in the measurement chain does not necessarily shift the frequency response of the source
linearly. All eight octave bands are taken into account separately, with eight correction factor values L;'Meas - L,s,'cam’ derived.

2. Taking measurements for a two-step calibration
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Obtain recordings for the 1st step

First of all, we need to obtain enough recordings for the normal diffuse (or free-field) calibrations, with the
guidelines mentioned in Sec. 5 and Sec. 6. For the following we can use the impulse responses included in
the folders Measurements\Calibration\diffuse-field method and Measurements\Calibration\Auditorium21.

Obtain recordings for the 2nd step

Still being inside the same room (reverberation or anechoic chamber) we place the microphone close to
the source, at a known distance, in front of a known point (putting a sign if needed in order to be able to
recognize it later). This will provide us with an impulse response measurement for the second step. The
microphone should be placed as close as possible in order to help ODEON distinguish the direct sound from
the rest reflections in the room. This is because the whole method relies on reporting the sound pressure
level from the source during the calibration and in situ, but without any influence by the room. Figure 15
illustrates the setup. As the microphone approaches the source, the difference between the arrival times
of the first reflection and the direct sound, t,-t1, increases. This ensures that ODEON will distinguish the
direct sound from the first reflection better. In contrast to the free-field calibration method [2], capturing
the whole energy of the direct sound is not as crucial. In case the direct sound is truncated too early, only
a percentage of its whole energy will be included. However, the same percentage will be included in situ,
so the overall difference will be the same. On the other hand, it is rather important to truncate the impulse
response soon enough so it does not contain any part of the first reflection, which depends on the
associated room, and therefore cannot be controlled.

/ Remember to measure in front of a fixed point!
Source-Receiver distance

- - 4
Y ¢
!
/
i}
\ /
% /
\ /
\ /
, \ . , ,
Source height Path of first reflection / Receiver height
\ t2 /
\ -
L I
; /
\ /
Vo
v b =

Figure 15: Geometry for impulse response recording for the second step. ODEON needs to have sufficient time difference
between the arrival of the 1st reflection and the direct sound (t,-t;). This is accomplished by having high source-microphone heights
and short distance between source and microphone.
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A combination of distances that ensures well-cut of the direct sound is:

e Source height = 1m.
e Receiver height = 1m.
e Source-receiver distance <= 1m.

Having all necessary recordings stored, we can begin the actual calibration. The steps will be presented
for using the Diffuse-field method, but they can be applied directly for the Free-field method as well.

3. Performing the two-step calibration
1) Choose Tools>Measurement Calibration>Diffuse-field>Two-step (requires in-situ correction). First, this opens the interface for
the normal diffuse calibration.

- Enter the volume of the reverberation/diffuse chamber and click OK.

- Select the group of impulse responses recorded in the diffuse chamber, holding down the SHIFT or CTRL
button (see [2] and [3] for a recommended number of recordings). It is important to open all impulse
responses together — not separately — in order for ODEON to average the results. Press OPEN. ODEON
loads all impulse responses and derives the correction values for the diffuse-field calibration.

2) For the second step in the calibration the following warning message is displayed:

Information X

Second step - click OK to select near source measurement file(s)!
Please ensure that sepatation distance between 1st reflection path and direct sound is minimum 1.2 m.
A way to accomplish this is to have Source/Receiver heights of at least 1m and Source-Receiver distance less or equal to Tm.

This is to remind that the microphone should be as close as possible to the source to help ODEON truncate
the impulse response well before the first reflection (which comes from the floor, as the closest surface).
Click OK.

In the next file menu select the impulse response recording from the 2" step that was made in front of a
known point and known distance from the source.

For the next examples, we have used the impulse response file s1R_b8oHR130Hs130.wav found inside the folder
Measurements\Calibration\diffuse-field method. The impulse response file has been measured at 80 cm in front of the
source, at 130 cm height.
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Figure 16: 1st calibration step: Load the recordings made in the diffuse or anechoic chamber. For this application note we used
12 recordings inside the diffuse chamber. After loading these recordings, you can implement the 2nd step by choosing the reference

recording at the source.

ODEON asks you to save the file as .2stcalibration. This extension emphasizes the fact that the file cannot be

used for calibrated measurements yet. It needs an in-situ correction during the actual measurement in

order to be converted to a final calibration file with extension .calibration. For this application note the file is

named CalibrationRevChamb_10Nov2020.2StCalibration.

(@ Save intermediate calibration file (requires in-situ comection)

Name Date modified Type Size

\j CalibrationJanuary14_2018.2StCalibration 14/01/2019 13:12 2STCALIBRATION F. 1TKB
|_] CalibrationRevChamb_10Nov2020.25tCalibra... 10/11/2020 14:07 2STCALIBRATION F. 1KB
[ ] Sept29_2020.25tCalibration 29/09/2020 15:00 2STCALIBRATION F. 1KB

File name:

Save as type:

c

evChamb_

tCalibration

[ sawe

Intermediate calibration files (*2StCalibration)

Cancel

Figure 17: After completing step 1 and 2 you need to save a 2-step calibration file (.2StCalibration). This is only an intermediate

calibration file and cannot be used directly for calibrating measurements. An in-situ correction is required.

At the end of the process so far, your ODEON screen should look like the following, with two tables:

e SPL and T30 Calibration values from the diffuse-field or free-field main calibration.
e Source SPL values reported during the additional 2" step.

27



Odeon

Room Acoustics Software

Application note
Measurement Calibrations

Sy Nl
ol e TU\Reve o [=1= 3]
N F W Messure [SE =]
% [ES e [S[E1x3]
- — _— Slel=ll
”F» s A [SIE=]
R2 [Frequency Response | cepstrum | spectrogram [Py it
Raw Impuise response at 1000Hz Raw decay curve at 1000Hz | Decay curves at 1000z T(30) = 4.47 seconds | Decay curves (all bands) |Energy |parameter pars I
1
- Unable to derive decay parameters for: 4000, 2000, 1000, 500, 250, 125 Hz band(s) - Measured response - EA..\ReverberationChamber\S 1R_D80HR130HS130:wa [=@]=]
|Frequency Response [ cepstrum |spectrogram [Py |
Raw Impulse response at 1000Hz Raw decay curve at 1000Hz | Decay curves at 1000tz T(30) = *.** seconds | Decay curves (al bands) [Energy | Parameter bars
¥ Raw Impulse response at 1000Hz
6 E:\...\ReverberationChambprS1® DROHRIOLCI 20 waw
5 20 (@ Source SPL Values =N ECE )
4 Fle name SPL@63 Hz 3PL@125 Hz 5PL@250 Hz 5PL@S00 Hz PL@1000 H PL@2000 H PL@4000 H PL@S000 H
3 15 SIR DROHRIZOHSL3Owav | 47.63 | -4L20 3652 3875 4056 3326 -3L69 LSS
Average -47.63 -41.29 -36.52 -38.75 -40.56 -33.26 -31.69 -31.55
2 STD 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00
- 1 10 7
w (@ e
& Fie name SPL@63 Hz SPL@125 Hz SPL@250 Hz SPL@500 Hz PL@1000 H PL@2000 H PL@4000 H PL@8000 H T30@63 Hz I30@125 H: r30@250 H: r30@500 H: 30@1000 H 30@2000 H 30@4000 H 30@8000 H
SiRLway 4633 | 2765 2473 2834 2082 2620 2896 3033 844 7.23 640 565 447 35 235 13t
SIR2.wav -47.93 -25.61 -23.75 -28.66 -29.59 -27.43 -29.95 -32.30 o 6.74 6.41 570 4.72 3.56 296 1.46
SIR3.wav -48.46 -26.70 -23.63 -28.64 -29.27 -26.96 -30.32 -32.05 8.48 7.38 6.57 5.86 4.54 3.41 240 1.36
S1R4.wav -46.15 -24.92 -23.00 -28.46 -28.68 -27.02 -29.69 -29.90 16.21 6.87 6.49 578 4.53 3.46 237 1.28
SIRS.wav -46.31 -27.62 -24.73 -29.13 -28.96 -27.01 -30.15 -32.27 wEE 772 6.38 5.67 4.53 3.51 244 1.32
SRGway 4645 2709 2456 2908 2950 2734 3008 3L93 7.93 754 664 577 447 353 236 130
Average -46.96 -26.47 -24.02 -28.71 -29.12 -26.98 -29.84 -31.35 10.26 7.25 6.48 574 4.54 3.50 248 1.34
STD 0.87 8.03 1.02 0.35 0.65 0.09 0.29 0.07 0.34 0.09 0.40 0.05 0.44 0.22 0.98 0.06
Diffuse Caibration 47.11 25.12 2217 26.34 2574 2246 23.82 22.65
7
-20 \
-0.001 0 0.001 0.002 0.003 0.004
Time (seconds)
7

Figure 18: End of two-step calibration. ODEON displays two tables: 1) All recordings made in the diffuse (or anechoic) chamber,
with the calibration values. 2) Source output levels at a fixed location from the source (upper small table in the screenshot).

4. In-situ correction

Now the equipment is moved from the reverberation chamber to the actual room under measurement. It
is likely that the whole chain of gains in the measuring equipment remains unchanged during this move. In
such case the in-situ correction is just trivial, giving zero adjustments for the output. However, if any of the
gains have been changed, then the whole calibrated measurement is in danger, since the source output has
been changed. The .2stcalibration file is therefore used as a reference file and introduces correction values that
compensate for any gain change.

Follow the setup in Figure 15 to obtain an impulse response at exactly the same distance from the source,
as during the 2" calibration step in the reverberation chamber. Remember also that the microphone should
be placed in front of the same point (direction) on the source. This is because sources are not perfectly
omnidirectional, therefore measuring at a different point might introduce errors in the gain estimation.

Click Tools>Measurement Calibration>In-situ correction. Open the .2stcalibration file that you created during the 2nd
calibration step. For this application note the file is called calibrationRevChamb_10Nov2020.25tCalibration.
A warning message is displayed again for the recommended heights and distance between source and

receiver.

From the file menu choose and open the .WAV file that was recorded in front of the source inside the

ordinary room. In our case, we use the file siR_80cmFromSource_ChangedGainwav inside the folder

Measurements\Calibration\Auditorium21. You will be asked to save your new final calibration file which now has an
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extension .calibration, indicating that it can be used as any other calibration file for calibrating the following
measurements.
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Figure 19: Performing in-situ correction. First, the .2StCalibration file created in Figure 17 is chosen. Second, you need to choose
the recording made in-situ in front of the source. If any of the gains in whole measuring chain have been changed, a correction
factor will be derived and taken into account for the final calibration.

At this point we can see that there is a source correction (per octave) of about 5 dB across the octave bands.
This means that the source output has been increase by approximately this amount. The small differences
between octave bands come from the fact that the increase in gain is not entirely linear (see. Figure 14).
Since the source output has been increased, less compensation is required now for the calculation of G,
comparing to the initial diffuse-field calibration. Let’s compare Figure 6 with Figure 19. We can see that the
Diffuse calibration row in Figure 6 is approximately equal to the sum of the Adjustments row, plus the source Correction
(per octave) in Figure 19.

5. Summary of the steps for a full Two-step calibration
Depending on the time and needs during a calibrated measurement, there are different ways to perform
the steps required for a two-step calibration. Remember in all steps you can freely change the internal

ODEON gain (in the sweep generator). Restrictions apply only on the external gains in the measuring chain.

Calibration steps first - measurements afterwards
The most straightforward way is to make all calibration settings first and then perform the measurements:
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1) Make the impulse response recordings in a reverberation or anechoic chamber, for a diffuse-field or
free-field calibration. This is the 1% step in the Two-step method. External gains should remain fixed
during this time!

2) Make one more recordings close to the source — at fixed location and fixed distance. This is the 2™
step in the Two-step method. External gains should remain fixed during this time!

3) Enter the actual room for measurement. External gains can now be changed to achieve a satisfying
signal to noise ratio or might have been accidentally changed.

4) Record an impulse response at exactly the same position as in step 3). This is to monitor any gain
differences in the output or input. From now on external gains should remain fixed again.

5) Run a Two-step calibration by choosing
Tools>Measurement Calibration>Diffuse-field>Two-step (requires in-situ correction)

Or Tools>Measurement Calibration>Free-field>Two-step (requires in-situ correction),
depending on the method you used for the 1° step.

6) Follow the procedure, by loading the necessary information and impulse response recordings, and
derive a .2stcalibration file.

7) Run the in-situ correction by choosing Tools>Measurement Calibration>in-situ correction. Load the recording from
step 5).

8) Save the final calibration file that should have the extension .calibration. Make this calibration file active.

Perform measurements. Calibration will be applied on the recorded .WAV files during processing at the Load

impulse response tool, ™ (under the Tools menu). The active calibration file will be applied. This is visible in the
Options>Program Setup>Measurement Setup. If there is a mismatch between the input/output devices used for the
calibration file and the ones used for the measurement, a warning is displayed by ODEON and no calibration
is applied.

Measurements first — Calibration afterwards

In ODEON, calibration may be performed after measurements. To do this you can simply choose
Tools>Measurement Calibration>Assign Calibration to Existing Measurements t0 apply the calibration. More analytically, the
steps for such a procedure are:

1) Enter the actual room.

2) Perform measurements with an overall output-input combination of gains adequate for a good signal
to noise ratio.

3) Make one more recording close to the source (fixed location, fixed distance). This will be the in-situ
correction in the Two-step calibration method. External gains should stay the same as in
measurements!

4) Enter the diffuse-field or free-field lab. External gains might have been changed at this point!

5) Make the impulse response recordings necessary for a diffuse-field or free-field calibration. This is
the 1% step in the Two-step method. External gains should remain fixed during this time!

6) Record an impulse response at exactly the same position as in step 3). This is to monitor any gain
differences in the output or input

7) Run a Two-step calibration by choosing Tools>Measurement Calibration>Diffuse-field>Two-step (requires in-situ correction)
Or Tools>Measurement Calibration>Free-field>Two-step (requires in-situ correction), depending on the method you used
for the 1% step.

8) Follow the procedure, by loading the necessary information and impulse response recordings, and
derive a .2stcalibration file.

9) Run the in-situ correction by choosing Tools>Measurement Calibration>In-situ correction. Load the recording from
step 3).
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10) Save the final calibration file that should have the extension .calibration. You do not have to make this
calibration file active.

11) Apply calibration to the measurements from step 2) by choosing Tools>Measurement Calibration>Assign
Calibration to Existing Measurements.

8. The STI parameter

All previous sections about the Diffuse-field, Free-field and Two-step methods can be applied for
measurements of Speech Transmission Index (STI) as well. The exact same steps are followed, with only
two additional settings required in the mMeasurement Setup.

1. Measurements with the ISO 3382-3 source

STI measurements with the 150 3382-3 source are suitable especially for open-plan office studies. This type of
source is defined in [4] and corresponds to an Omnidirectional source that has a speech spectrum, instead
of a flat one.

1) Open the Options>Program Setup>Measurement Setup.

2) Choose the speech-Iso 3382-3 spectrum.

Source Power Spectrum
Frequency 63 125 250 500 1000 2000 4000 8000 Hz Reset to Zero
Sound power | -[2][60.9 2] 653 %] [69.0[2][63.0 £ [558%] 49.8[2][4452] ds | Speech - 150 3382-3 ]

3) Specify the Background noise. If a room is already loaded, ODEON will use the values inserted in the Room Setup
instead. The background noise is not needed during calibration at the anechoic chamber, but during
processing the data from the actual room under evaluation. Therefore, you can obtain the background
noise either by measuring it directly in the room with an SPL analyser (not currently possible to do this in
ODEON) or by simply estimating it according to literature in similar venues.

Back ground noise spectrum (for RASTI, STL,..U{50]...)
Frequency 63 125 250 500 1000 2000 4000 8000 Hz
Backgroundrnoise | 67.0 3| e (3] | saold]|| wmol3]| aenld]| s3] w0l a0l &

(when 2 room is assigned, the level of badiground noise is not spedified here butin the room sefug)

2. Measurements with an Artificial Mouth

Measurements with the 1SO 3382-3 source can be suitable for open-plan office parameters, but they are
not as realistic as with an artificial mouth source. Such a source is constructed as a box with one loudspeaker
driver in front, in order to represent the directivity pattern radiated from a real mouth on a head (see more
at [5]). An example of a commercially available artificial mouth is the Echo Speech Source, Type 4720, by
B&K.

To perform STI measurements with an artificial mouth, the following spectrum needs to be manually
inserted in the options>Program Setup>Measurement Setup.

Source Power Spectrum
Frequency 63 125 250 500 1000 2000 4000 8000 Hz Reset to Zero
Sound power [62.2[2] [62.2 (2] 68.2[2] [70.8 [2][64.5 £ [59.8 (%] 54.8[2][495 2] dB Speech - 1SO 3382-3

Figure 20: Power spectrum used for calibrations with an artificial mouth, that is equivalent to a BB93_NORMAL_NATURAL.SO8
source.
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This spectrum is derived from the BB93_NORMAL_NATURALS08 source according to the following process:

1. The sound power spectrum of a BB93_NORMAL_NATURAL.SO8 source is as highlighted in the green box below:

Point Source Editor, source: 3 @
Define point source |30 Direct |
Description

|N0 description |

Position and Orientation Delay

| -
% [1.000m - n‘ Y|1.onom - n‘ Z [24.378m Es . [ 3 ms
| | -

. Aim towards this receiver

=1
=
0.000 # 2 M| Rotation (0.000° =ITINS w
] 1 .

Azimuth |U-DDD = = }I‘ Elevation

Directivity pattern

Sub directory e
File [293_NoRMAL_NATURAL SO8 | @
Level Adjustment
Total power
Fregency 63 125 250 500 1000 2000 4000 8000 Hz 72l dB
634 dB(A)
[ Sound Power File 60.7 60.2 65.3 69.0 63.0 55.8 9.8 44.5 dB I Total SPL at 10m
432 dB
+ Overall gain | 0.0 $| dB 295 dB(A)
+E i = = = = = = = =] dB MNatural Avr, SPL at 10m
Q | EQlist [ 0003 [ 000f3] | 0ol [ ool [ nooid] [ o003 [ oo | o3 atura a1 b
30.4  dB(A)
= Sound Power 50,7 50,9 55,3 52,0 53,0 55,8 40,5 44,5 dBre 1pW
SPL on axis at 10m 312 312 37.2 9.8 33.5 3.8 23.8 18.5 dB

Figure 21: The BB93_NORMAL_NATURAL.SO8 source has a power spectrum as shown in the green box. Since it is not an
omnidirectional source, the SPL on axis is different than the SPL on axis by the omnidirectional 1SO 3382-3 source.

2. Although the power spectrum is the same with the iso 3382-3
source, the directivity pattern is not. While the is
omnidirectional, the BB93_NORMAL_NATURALSO8 has a directivity
pattern as shown in the picture on the right. Therefore, the
same power spectrum is distributed differently. According to
Figure 21, the SPL on axis at 10m is as highlighted in the blue
box.

3. To derive the power spectrum of an equivalent omnidirectional
source we simply add 31 dB to each band of the SPL at 10m. This
is according to the spherical-spread law — as illustrated also in
Eqg.(4). The final spectrum of such a source is the one used in
Figure 21.

4. The equivalent BB93_NORMAL_NATURALS08 omnidirectional source is a bit louder than the 1s03382-3 by 1.3 to
5 dB.

This process of deriving an equivalent BB93_NORMAL_NATURALSO8 omnidirectional source is used only for
calibrating the system and not to change the directivity pattern of the source. The actual artificial mouth
has its own directivity, which is taken into account by its geometry. To perform the calibration of the system,
we can only use the free-field method by placing the microphone on axis in order to measure the direct
sound in front of the artificial mouth. Since the artificial mouth is not an omnidirectional source, the diffuse-
field method cannot be used.
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If an anechoic chamber is not available for the free-field method, another dry environment can be tested.
In this case, extra care has to be taken, so that the microphone is placed on axis at a sufficient distance and
height in order for enough separation to occur between the direct sound the first reflection (see Figure 9).

In contrast to calibration with an Omni source (eg. dodecahedron) the distance between the artificial mouth
and the microphone might not need to be >3m. This is because the loudspeaker driver used is much smaller
— therefore distances >1m can be considered already in far field.

Based on the source/receiver height and the distance between them, ODEON derives a truncation point for
the calculation of SPL. The truncation is done in the broadband signal. This is because the octave-band
response is already contaminated by filter ringing, which is more visible at low frequencies. Always check
that the whole broadband impulse response, is included between the onset and truncation times, defined
by the pink and red dashed vertical lines. In Figure 22: the screenshot on the left shows a broadband impulse
response truncated too early so that the response at lower-frequency bands is cropped. This truncation
point corresponds to:

Source height: 1m.
Receiver height: 1m.
Distance between Source and Receiver: 1 m.

The screenshot on the right shows a broadband impulse response adequately truncated at 12 ms, with the
following geometry details:

Source height: 2m.
Receiver height: 2m.

Distance between Source and Receiver: 1 m.

As can be seen in Figure 22, the broadband impulse response is not a perfect dirac response, as it would be
expected when only the direct sound is measured. This is due to the fact that the source in the artifical
mouth itself cannot move fast enough to produce a perfect dirac response, and due to distortion in the
movement. Therefore, depending on the quality of the artifical mouth the impulse response ringing might
be shorter or longer. The geometry of source and receiver can be adjusted accordingly.

- = ol | EZ | - Unable to derive decay parameters fors 4000, 2000, 1000, 500, 250, 125 Hz bandis) EA-MAnechoi i = e |
Decay curves (el bands) | Energy perameters Parameter bars Frequency Response | cepstrum [: Piay It Decay curves (al bands) Energy parameters [Parzmeter bers [Frequency Respoase. Cepstrum ‘Spectiogram [Pey it
Raw Impuse response (brozd band) [Roaws decay curve (brad mand) [Dacay curves (bread band) T(30) = + ++ cacanas Ra Raw 8803 Dacay curves (neoad band) T{30) = *.+% séconds
Raw Impulse response (broad band) Raw Impulse response (broad band)
E:\...\AnechoicChamben\51R100cmFromSourceH100R100.wav E:\...\AnechoicChamber\S1R100cmFromSourceH100R 100.wav
- Pressure i - Pressure
20 v Onset time 201+ @ Onset time
@+ Truncation time i @ Truncation time
15 15
10 10
s | 5 ‘
B Ty © ey
& T 8 ol |
k -, - AL “ - _
D ol R ~ e S o T —
o

5 .h.l Aim for a truncation point that /
-10

ensures the whole broadband
impulse response is included.

! ™ !
0 0002 0.004 0.006 0008 001 0012 0014 0.016 0 0.002 0.004 0006 0008 001 0012 0014 0016
Time (seconds) Time (seconds)

Figure 22: Always check that the broadband impulse response is well included between the Onset and Truncation times by
ODEON. If not, increase source-receiver heights and if possible, decreased source-receiver distance (not closer than 1m).
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9. Conclusion

The application note describes the steps required for a calibrated measurement of G and ST/ using two
methods described in the ISO 3382-1 standard for room acoustics: the diffuse-field method (performed in
a reverberation chamber) and the free-field method (performed in an anechoic chamber). The sound field
for both environments is considered to be fully known, as long as specific assumptions hold (diffuse field
and free field respectively). For this reason the sound power of an unknown source can be specified from
analytic expressions like eq.(7) and (13) and calibration of the equipment towards a known source like G-1so
3382-1 and Speech-150 3382-3 can be done.

To prevent damaging the calibration by accidental or intentional changes in gain and connections in the
equipment, a Two-step method is proposed. This simply measures the source output at a fixed distance so
that any further changes can be tracked back.
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