INTERNATIONAL

ISO

STANDARD 18233

First edition
2006-06-01

Acoustics — Application,6f new
measurement methodsdn building
room acoustics

Acoustique — Application de‘nouvelles méthodes de mesu
l'acoustique des batiments et des salles

and

rage dans

e Reference number
= — 1ISO 18233:2006(E)

© ISO 2006


https://standardsiso.com/api/?name=3caa889ce05d062c8c870b99c800e3cd

ISO 18233:2006(E)

PDF disclaimer

This PDF file may contain embedded typefaces. In accordance with Adobe's licensing policy, this file may be printed or viewed but
shall not be edited unless the typefaces which are embedded are licensed to and installed on the computer performing the editing. In
downloading this file, parties accept therein the responsibility of not infringing Adobe's licensing policy. The ISO Central Secretariat
accepts no liability in this area.

Adobe is a trademark of Adobe Systems Incorporated.

Details of the software products used to create this PDF file can be found in the General Info relative to the file; the PDF-creation
parameters were optimized for printing. Every care has been taken to ensure that the file is suitable for use by ISO member bodies. In
the unlikely event that a problem relating to it is found, please inform the Central Secretariat at the address given below.

© 1S0 2006

All rights reserved. Unless otherwise specified, no part of this publication may be reproduced or utilized in any form or by any means,
electronic or mechanical, including photocopying and microfilm, without permission in writing from either ISO at the address below or
ISO's member body in the country of the requester.

ISO copyright office

Case postale 56 « CH-1211 Geneva 20

Tel. +412274901 11

Fax + 4122749 09 47

E-mail copyright@iso.org

Web www.iso.org
Published in Switzerland

ii © IS0 2006 — All rights reserved


https://standardsiso.com/api/?name=3caa889ce05d062c8c870b99c800e3cd

Contents

o] =NV o
L e Yo 11T o)
1 £ o - PSSR
2 NOrmMative referenCes .........ccocirircecirrrcer e e e e mne e e e smne e e s b
3 Terms definitions and abbreviated terms ... e
31 Terms and definitions..........coo i e Lo
3.2 Abbreviated terms ... e b emn s
4 (D T=X3 T [ 4 F-1 1 Lo 1Y S 0
41 Maximum length sequence method (MLS)..........cccociiimiininnie e e e
42 Swept-sine method (SS)........cccciiiiiiiiiri e B e
5 LI 1= 2
51 L= 41T - | PSR
5.2 ST o101 Lo BT T T8 e T 1 4 T, S P
5.3 Sound transmission between tWo roOmS..........cccocer e faniinsmrir e
5.4 Using the frequency response function...........ccccc e e
6 Measurement of the impulse response .........c.c.afierriiiiriinmmrirnniissssseeere s sssmser e e sneans
6.1 L= o 1= | SR
6.2 [ Ceq1 =14 oY o =] Te | 4 - .
6.3 Measurement of the reSPONSE.......ccccceee et i s nmn e e
7 Measurement of the frequency response function ..........ccccceiricccciirri e
8 g =T -7 Lo o T
9 B =TS (= o To Y O
Ann]x A (normative) Maximum_length sequence method............ccccoiiiiiiiiiiniicncc
Anngx B (normative) Swept-sine method............cocceiiiiiiiinii
=TT 0TI oo =T o e

ISO 18233:2006(E)

© I1SO 2006 — All rights reserved


https://standardsiso.com/api/?name=3caa889ce05d062c8c870b99c800e3cd

ISO 18233:2006(E)

Foreword

ISO (the Inte

rnational Organization for Standardization) is a worldwide federation of national standards bodies

(ISO member bodies). The work of preparing International Standards is normally carried out through ISO
technical committees. Each member body interested in a subject for which a technical committee has been
established has the right to be represented on that committee. International organizations, governmental and

non-governm

ental,_in liaison with 1SQ _ also take part in the work 1SO collaborates closely with the
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Electrotechnical Commission (IEC) on all matters of electrotechnical standardization.

Standards are drafted in accordance with the rules given in the ISO/IEC Directives, Part'2.
5k of technical committees is to prepare International Standards. Draft International Stangards
the technical committees are circulated to the member bodies for voting.CPublication gs an

Standard requires approval by at least 75 % of the member bodies casting-a vote.

rawn to the possibility that some of the elements of this document may be the subject of gatent
pall not be held responsible for identifying any or all such patent rights.

vas prepared by Technical Committee ISO/TC 43, Acoustics, Subcommittee SC 2, Bdilding
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Introduction

Stochastic signal analysis methods for the measurement of sound transmission phenomena started to be
developed around 1960, but lack of available computing power excluded the use of these methods outside the
best equipped research laboratories.
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onents in sound measuring equipment for field use, have made the application of measurir
 on extended digital signal analysis readily available. Dedicated instruments, as welDa
are used on general computers, currently apply such methods and are already widely jused.

ession of background noise and extended measurement range. However, there is also risk|
s if certain guidelines are not followed. The new methods may demonstrate larger sensi
ions and change in the environmental conditions than the classical metheds.

nternational Standard is developed to give requirements and guidelines for the use of new 1
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Acoustics — Application of new measurement methods in
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Iding and room acoustics
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This |nternational Standard gives guidelines and specifies requirements for the application of new
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2 Normative references
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refergnces, only the edition cited applies. E6p undated references, the latest edition of th
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IEC ¢

IEC ¢

3

3.1

For the purposes of this document, the following terms and definitions apply.

3141

Terms definitions)and abbreviated terms

cope

easurement of the acoustic properties of buildings and building elements. Guidelines and
plection of the excitation signal, signal processing and environmental controlare given,
rements for linearity and time-invariance for the systems to be tested.

nternational Standard is applicable to such measurements as airborne_sound insulation be
f facades, measurement of reverberation time and other acoustic parameters of rooms, me
] absorption in a reverberation room, and measurement of vibrationtlevel differences and los

nternational Standard specifies methods to be used as substitutes for measurement meth
ndards covering classical methods, such as ISO 140 (all parts), ISO 3382 (all parts) and 1SQ

following referenced documents are indispensable for the application of this documen
ment (including any amendments) appliés.
1260, Electroacoustics — Octave-band and fractional-octave-band filters

1672-1, Electroacoustics —=Sound level meters — Part 1: Specifications

Terms and.definitions

methods for
requirements
ogether with

fween rooms
hsurement of
s factor.

pds specified
17497-1.

t. For dated
b referenced

classicalmethod

conventional method of measurement where the resulting sound pressure levels or decay rates are

deter

3.1.2
new

mined directly from the recorded responses to random noise or impulse signals

method

measurement method in which various deterministic signals can be used to first obtain the impulse response
of the system under test and from which the required sound pressure levels and decay rates can be obtained

NOTE The new methods may have additional, intentional features such as giving results under situations where no
result is obtained by the classical method. The new methods may, for instance, be more immune to noise from other
sources.
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313

effective signal-to-noise ratio

signal-to-noise ratio

ten times the logarithm to the base 10 of the ratio of the mean-square value of the signal part caused by the
excitation and obtained by the new method, to the mean-square value of the unwanted part of the signal
obtained by the same method and caused by sources other than the excitation

NOTE 1 The effective signal-to-noise ratio is expressed in decibels.

NOTE 2  The effective signal-to-noise ratio is used as a substitute for the normal signal-to-noise ratio when establishing
procedures for the new method based on a classical method.

314

peak-to-noige ratio
ten times thq logarithm to the base 10 of the ratio of the squared peak value of the signal part caused hy the
excitation arld obtained by the new method, to the mean-square value of the unwanted partyof the gignal
obtained by the same method and caused by other sources than the excitation
NOTE THe effective peak-to-noise ratio is expressed in decibels.

3.1.5
fractional-o¢tave band
frequency range, in hertz, from lower to higher band edge frequency for-alfractional-octave-band filter as
specified in I[EC 61260

NOTE Bagth full-octave- and fractional-octave-band filters are designated-fractional-octave-band filters.

3.2 Abbrgviated terms
MLS Maximum length sequence method

SS Swept-sine method

4 Designations

4.1 Maximum length sequence‘method (MLS)

An MLS method in accordance-with this International Standard shall be designated as “ISO 18233—-MLS”

4.2 Swept-sine method (SS)

An SS methqd in aceordance with this International Standard shall be designated as “ISO 18233-SS”.

5 Theory

5.1 General

The transmission of sound within a room as well as the transmission of sound between rooms may normally
be considered as a close approximation to a linear and time-invariant system. The general theory applicable
to such systems may therefore be used to establish the relationship between excitation and response for the
sound transmission.

The impulse response is the basis of all measurements. The methods are applicable to the velocities
measured on structures as well as to sound pressures measured in rooms.

2 © I1SO 2006 — All rights reserved
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5.2 Sound in aroom

The scope of Parts 3 to 5 of ISO 140 and of Parts 9 to 12 of ISO 140 is to specify methods to measure the
airborne sound insulation for building elements and the insulation between dwellings. ISO 3382 (all parts)
specifies the measurement of reverberation time. In order to measure these quantities, the sound pressure
level and the reverberation time in rooms by the application of noise excitation shall be measured.

For the measurement of reverberation time, the noise source is switched on for a time sufficient to obtain a
steady level. The source is thereafter switched off, and the decay of the sound in the room is observed. The
time for switching the noise off is set to r = 0 in this International Standard.

A re ; ; the obtained
statignary sound pressure level in the room as well as the reverberation time. A typical level versus time
diagrbm is shown in Figure 1. The stationary sound pressure level before the sound source\is syitched off is
giver| by the recording for ¢ < 0, and information about the decay will be given for ¢ > 0. [Fhe decay may be
r processed to obtain the reverberation time.

Lo ALY i

Key
Ly sfationary noise level beforé\the excitation is switched off
Ly bpckground noise level

t time

NOTH The exgitation is switched off at time ¢ = 0.

Figure 1 — Typical level versus time curve

The classical methods for the measurement of airborne sound in rooms, defined in the ISO 140 and ISO 3382
series, specify a stochastic signal for the excitation. Although the room in most cases may be described as a
deterministic system, statistical spread from the random excitation will lead to a certain stochastic variation in
the result, which may be characterized by a standard deviation. Therefore, averaging of more measurements
is normally needed to obtain results close to the stochastically expected values. Such averaging may for the
classical method be combined with the spatial averaging needed to obtain a mean value for the room.

The methods described in this International Standard intend to obtain measurement values in fractional-
octave bands. Requirements and guidelines are selected accordingly.

It has been shown (Reference [6]) that the expected decay in one particular observation point may be
obtained without averaging, by processing the impulse response between the excitation signal (loudspeaker)

© I1SO 2006 — All rights reserved 3
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and the observation point (microphone) directly. This holds for the decay curve and the stationary levels as
long as the system is linear and time-invariant. The theory may be extended and applied to sound in the
source room, to sound in the receiving room, and to the transmission from the source to the receiving room.

The measured response in the classical method based on noise excitation may, in theory, be described as a
convolution between the excitation signal and the impulse response of the room. However, in the classical
method with noise excitation, the response is recorded directly and information about the impulse response is
normally not known.

According to the new methods described in this International Standard, the results may be obtained from

processing o

f the impulse response itself.

NOTE 1 THe impulse response is normally the combined impulse response of the system, consisting of amplifiers,
transducers, applied filters, and the enclosure between the transmitting and the receiving points.
Several methods may be applied to obtain the impulse response or the frequency response function, whiich is
linked to the|impulse response by Fourier transformation. All such methods may be used(if they are able to
demonstrate(reliable results within normal measurement conditions.
When a room has been excited by stationary white noise for a time sufficient to obtain stationary condjtions
and the nois¢ is thereafter switched off at the time 7 = 0, the expected level at any.time ¢ > 0 will be [6:
W 0
L(t)=1Q Ig —JLthU)dz dB (1)
Cref ;

where

Wy is @ constant specifying the signal power per unit bandwidth of the excitation signal;

h(t) is the impulse response;

Cief is @n arbitrary selected reference value/for the level calculation.
The decay ¢orresponds to the expecteéd“decay based on the classical method, which conventiondlly is
approximatedl by a straight line.
NOTE 2 D:re to the fact that the funning time, ¢, is the lower start point for the integration, the operation in Equation (1)
may be desciibed as backwards.ingtegration. In an alternative form of the formula, the integral starts at +o and runs
backwards to the actual time. Historically, this was achieved using analog technology by playing a tape with the reqorded
response in the reverse direction.
Equation (1) [does net:consider the extraneous noise normally accompanying a measurement.
When a fractionaloctave-band filter is a part of the measured system, Equation (1) will describe the expgcted

decay accor

Equation (1) may be used to compute the expected level at any time after the signal source was switched off.
It may also be used to obtain the expected mean level before the excitation was switched off, Ly. The level

may be obtai

Lo =10

ned from Equation (1) by setting r = 0:

0

th(t)dt dB
ref 0

Wo
C

Ig

Figure 2 illustrates how the level versus time function is obtained by the classical and the new method.

()

© I1SO 2006 — All rights reserved


https://standardsiso.com/api/?name=3caa889ce05d062c8c870b99c800e3cd

ISO 18233:2006(E)

L4(t) h(t)

A
> >
t t
~A <A A
thU)dt
t t
~A ~A
L., () L(t)
J: I
a) Classical method b) New method
Key
L spund level
h  impulse response
t  rynning time
NOTE In the classical method, an approximation, L (¢), of the expected decay is found by averagind (ensemble) a
numbgr of individuat-'decays, L4(¢), Lo(¢), ... Ln(f), based on noise excitation. By application of the neyw method, the
expedted decay,\I(¢), is found by processing the impulse response A(z).
Figure 2 — lllustration of the difference between classical and new method

5.3 Sound transmission between two rooms

If a noise source is placed in a source room and the sound pressure level is measured at a point S, the
expected level, Ly, may according to Equation (2) be obtained from the impulse response between the
excitation point and the point S: #4(¢).

jhﬁ(ndt dB (3)
ref 0

Wy
C

Ly=101g

© I1SO 2006 — All rights reserved 5
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In a similar way, if the sound level is measured in an adjacent receiving room at a point R, the expected level,
L,, may be obtained from the impulse response between the excitation point and the point R: 7,(¢).

L,=101g

thz(t)dt dB
ref 0

Wo
C

(4)

The expected sound level difference, D, between the source and the receiver room may therefore be
computed as:

j hZ(t)dt
D=1y4Ly =101g| 2 dB (5)
Ihzz(t)dt
LO J
The variable| describing the excitation power, 7, is eliminated in the result for the level difference gs the

arbitrary cho

NOTE TH
insulation of fa

5.4 Using the frequency response function

A sinusoidal

sen reference Cpgf -

e new methods specified in this International Standard can also be applied to the measurement of
cades. In this context one of the measurement positions will be an outdoer position.

signal has a unique position in the theory of signhals” and linear time-invariant systems.

sound

f the

transients fofmed when signals are switched on and off are disregarded, the response for such a system to a

sinusoidal ex
may, howeve
function of f

citation will always be sinusoidal with the samg, frequency. The amplitude (gain) and the
r, change. Information about the change of amplitude and phase between input and outpu
requency is called the frequency response function of the system. The frequency resy

hase
as a
onse

function will,| as the impulse response, give full infermation about the response to any input signal] The
frequency regponse function may be obtained from:the impulse response by Fourier transformation.
Equation (2) jmay be transformed by the application of Parseval's theorem:
0 5 _& Ie'e) 5
W, j nPdr =220 j |H(0)” d& (6)
0 —00
where
w is the angular frequency;
H(w) ip the ‘frequency response function obtained by the Fourier transformation of the impulse
flesponse A(t) :
H(w) = F{h(1)} = jh(t)e—l'“” dr (7)
—0
where j:\/—71
NOTE In Equation (6), it is assumed that %(¢) = 0 for ¢ < 0, which will be the case for a physical, causal system.

© I1SO 2006 — All rights reserved
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Equation (6) shows that only the modulus of the frequency response function may be used for the level
calculation. This is in contrast to the measurement of reverberation time, where both the phase and modulus
of the frequency response function are required.

By combining Equations (5) and (6), the expected sound level difference, D, between the source room and
the receiving room may be computed from the frequency responses for the rooms. The expected sound level
difference for a fractional octave band with lower band edge frequency f; :“’%n and upper band edge
frequency f, =“%_ will be given by:

@2
J.|H1(a))|2da)

@1

D=L,-Ly,=10Ig dB (8)

w3
J. |H2(a))|2 do

L @1

6 Measurement of the impulse response

6.1 | General

The
enve

The i
it will
the s

To o
obtai
respq
perio

range and reduce the influence of extraneous noise.

Seve
Refe

For measurements of the.impulse response, movement of the source or the microphones is not g

it will
interg
the

A

[«

(temperature)may also violate the requirement for time-invariance.

6.2

mpulse response for a room will typically be an oscillatory(sighal with a large number of
ope of the signal will be irregular but typically have a fast attack-time and an exponential ded

mpulse response may be measured as the response.@fithe room to a very short acoustic pu
in most cases where sources other than a loudspeaker are used, be difficult to have suffici
pbectral content and the directional characteristicsof the excitation.

btain the required control of the excitation signal, the impulse response is in most pr
ned by digital signal processing. The room*is excited by a known signal for a certain time an
nse is calculated from the response fo'the excitation. The excitation signal is distributed ¢
i of time to increase the total radiated energy. This procedure will enhance the achieva

ences [6] to [8] and [13].to-{15] in the Bibliography.

violate the requirement for time-invariance. The impulse response of a room is formed |
ction of sound-waves reflected between the floor, ceiling and walls of the room. Between th
ir in the room influences the transmission. Movement of the air or change in the spe

Excitation signal

periods. The
ay.

se. However,
ent control of

ctical cases
the impulse
ver a longer
ble dynamic

ral methods for the measurement of the impulse response are described in the liferature, see

cceptable as
y a complex
e reflections,
ed of sound

6.2.1

General

In the classical methods, random noise or an impulse with a bandwidth at least equal to the bandwidth of the
measurement channel is required. The random nature of the noise will give a stochastic distribution of the
measured levels and will limit the repeatability of the measurement. The new methods apply deterministic
excitation signals, i.e. they can be accurately reproduced, and thereby enhance the repeatability of the
measurement.
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6.2.2 Spectral requirements

6.2.2.1 General

The effective frequency range of the excitation signal shall at least cover the actual fractional-octave band
being measured. If a broad-band measurement covering the whole audio range is being performed, the aim is
to approximate the shape of the spectrum of the excitation signal, as captured at the receiver position, to that
of the ambient noise prevailing there. By this, a frequency-independent signal-to-noise ratio will be obtained.
The typical sources of background noise (air-conditioning, traffic, etc.) tend to have a spectral distribution that
increases with decreasing frequency. For this reason, the excitation signal should feature an emphasis at
lower frequencies when room impulse responses are to be measured.

In many of th ble to

obtain a suffi

ese cases, a pink excitation signal (with constant energy per fractional-octave band) is suita
cient signal-to-noise ratio.

In sound in
frequencies,

Sulation measurements, however, the sound reduction index normally increases at h
making it necessary to increase the energy of the excitation signal in this range:

igher

The most so
measuremer]
version of th
can be used

6.2.2.2

If a repetitiv
where the dif

bhisticated emphasis scheme would involve compensating the acoustical_power response
t loudspeaker and adapting to the spectral distribution of the background noise. A smo
b |atter, multiplied by the inverted speaker response, confined to thehintended frequency r
as a template for the generation of a suitable excitation spectrum.

Repetitive excitation

b excitation signal is used, the spectrum of the excitation will consist of narrow spectral
stance between adjacent lines, Af, will be given as the inverse of the time for one repetition

f the
bthed
hnge,

lines
eriod

Trep:

EP

©)

n the
nt of

In order to €
reverberatior
reverberatior

hsure that all modes of the room are'excited, the repetition period shall not be shorter tha
time, 7, for the room being measured. This requirement applies to the measuremg
time as well as level differences:
Trep 2 (10)
NOTE Each room mode may be.approximated by a second-order band-pass function with a certain quality [factor
(Q-factor). A larger Q-factor means ‘a narrower frequency response and a longer decay after excitation has ceased.|For a
second-order function with bandwidth (-3 dB), B, in hertz, the virtual reverberation time will be approximately (2,2/B)). The
requirement for the repetition time ensures that at least two spectral lines of excitation fall within the bandwidth ¢f any
room mode.

6.2.2.3 Non-repetitive excitation

A non-repetiTive excitation signal may be of any suitable length. However, the excitation shall be succgeded
by a period of silence in order to allow the decaying response to be properly recorded. The decay shall be
recorded over a period equal to at least half of the reverberation time. For a sweep excitation from a low to a
high frequency as described in Annex B, the required length of the period of silence will nhormally be
determined by the reverberation time for the higher frequencies.

6.2.3 Level and linearity

The sound power in the excitation shall be sufficiently high to obtain an effective signal-to-noise ratio satisfying
the requirements given in the International Standard specifying the applicable classical method.

Methods involving deterministic excitation signals are generally more efficient at suppressing extraneous
noise than the classical method. Enhancement of the signal-to-noise ratio by 20 dB to 30 dB or more
compared to the classical method may be obtainable.

© I1SO 2006 — All rights reserved
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The use of loudspeakers typically introduces non-linear distortion in the system. Distortion violates the
requirement for linearity in this method. Distortion due to the loudspeaker increases with the excitation level.
The user shall be aware of the problem and experiment with the excitation level to obtain the optimum signal-
to-noise ratio. Sometimes the signal-to-noise ratio may be increased by reducing the excitation level. This
needs special consideration with the MLS method as described in Annex A. When properly established, the
swept-sine method described in Annex B allows elimination of artefacts in the measurement result caused by
harmonic distortion.

The region where the impulse response decays into the noise floor will usually be the most affected by non-
linearities. This makes the measurement of reverberation more vulnerable to the effect of distortion than the
measurement of level differences.

6.2.4| Directivity

The directivity for the source shall comply with the requirements given in the applicable classical method.

6.2.5| Number of source positions

The pumber of source positions shall comply with the requirements given in the applicable classidal method.
6.3 | Measurement of the response

6.3.1] Transducers for measurement

Transgducers for the measurement, normally measurement mierophones, shall comply with the fequirements
giver| in the applicable classical method.

6.3.2] Frequency weighting

The methods in Annex A and Annex B describe-the measurement of broadband impulse regponses. The
broadband impulse responses shall be further processed to obtain the fractional-octave-bgnd weighted
impulse response for the required range of fréquency bands.

Although Equations (1) to (5) are general) the impulse responses in these formulas shall be fracfional-octave-
band|weighted in order to produce results valid for fractional-octave bands.

In principle, the fractional-octave=band weighted impulse response is obtained as the output fron} a fractional-
octavle-band filter, as specified.in IEC 61260, to the response of the broadband impulse response

When selecting methods\to perform the requested frequency weighting, precautions shall be taen to ensure
that the tolerances «or-the frequency weighting are within the requirements stated in IEC 6[{1260 for the
appropriate class ‘of-filters as specified in the classical method. Sampling frequency shall be pelected and
precgutions against effects from frequency aliasing shall be taken accordingly.

For gxcitation with repetitive signals, the response is recorded with the time and frequency resglution set by
the requirements for the excitation signal and with a length equal to one or more periods of tre excitation
signdL.

For non-repetitive excitation and measurement of level, the recorded part of the response shall cover the time
from the start of excitation to the time where the response in each fractional octave band has decayed by
more than 30 dB. For the measurement of reverberation time with non-repetitive excitation, the record shall at
least cover the part of the decay required in the applicable classical method.

6.3.3 Level linearity and dynamic range

The signal processing shall have sufficient resolution and dynamic range to comply with the requirements for
level linearity as specified in IEC 61672-1.

Measurement equipment made for obtaining the result by the new method can normally not be tested as
conventional sound measuring equipment. In general, the microphone signal is digitized and the result is

© I1SO 2006 — All rights reserved 9
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obtained by digital processing on the samples representing the microphone signal. Proper operation of the
microphone and digitizing circuitry can often be verified by conventional testing, but not the entire calculation
process. The accuracy of the digital processing is considered to be determined by the design of the equipment
and not affected by ageing or changes in the environmental conditions of operation as long as valid results are
presented.

It is recommended to validate the design and operation of the system by making measurements where the
results can be compared to results obtained by the classical method. Measurements at fixed positions in
rooms where the acoustical conditions are well controlled may be used. However, a time-invariant system with
electrical input and output signals may be more convenient. Such a system may be a digital reverberator
without time modulation. The validation should be performed with the range of possible reverberation times.

The perform’mr‘p of the mpnaning pquipmpnf in reduced Qignnl-fn-nnicp ratios may he in\/peﬁgntpd hy a

broadband r4

It is recomm
intervals, as

ndom noise to the analog input or output signals.

bnded to test the microphone and digitizing circuitry as well as the excitation generatorat re
hppropriate (periodic verification).

6.3.4 Crossgtalk

The applicat

on of deconvolution measurement techniques allows measurements with large dynamic ra

often including levels that extend below the level of extraneous noise. Even levels below the inherent

levels in mig
eliminate infl
loudspeaker

rophones and the measurement system may be measured. Care’ shall therefore be tak
ence from unwanted signal paths, such as electrical crosstalk. ‘Cables for the excitation, su
cables, shall be located far away and screened from microphone cables. Even internal cro

in the instrumentation, normally buried in the self-noise, may show up.

Sufficient im
with a dumm

A display of
normally del
receiver. Cr

munity from crosstalk may be demonstrated by substituting the normal transducer (microp
ly device having very low sensitivity to the signal to be measured.

he impulse response, if available, may indicate a possible crosstalk problem. Sound signa
yed, even the direct sound, due to the spéed of sound and distance between the source an
stalk signals, being electrical signals,~are normally not delayed. To exclude the influence g

residual crosstalk, windowing may be applied at:the’beginning of the impulse response to attenuate any
acoustical cdmponents.

6.3.5 Limi

6.3.5.1

Equation (2)
the recorded

Measured im
from self-noi
may add to {
the integratig

L=101g

for the time integration

Measurement of level

impulse response will give the maximum value for the upper integration limit.

pulse responses will always be accompanied by unwanted noise from extraneous source
e indhe instruments. Effects from violation of the requirement for linearity and time-invar
he fNoise. The contribution from the noise in the integral will increase with an increasing len

dding

gular

hges,
hoise
en to
ch as
bstalk

none)

s are
d the
f any
non-

specifies an infinitely long integration period. This is neither possible nor wanted. The length of

5 and
ance
hth of

ninterval. If the integration is performed between 0 and ¢4, the level will be given by:

1 1
Wofhz(t)dt + Jez(t)dt
0 0

dB

ref

where £(t) is the background noise signal.

In Equation (11), the cross term is neglected because it is assumed that there is no correlation between A(r)

and &(z) .

Too low a value for the upper integration limit will give too low a value for the integral. Figure 3 shows a sketch
of how the value of ¢, affects the calculated level.

10
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a) Sketch of the envelope of the impulse response, the background,noise and
the combination of impulse response and noise
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b) Sketch'ofthe calculated levels as a function of the upper integration limit 7,

Key

L sound level\(dB)

t time relative to reverberation time

tr time.for integration limit relative to reverberation time
S signal from impulse response

N signal from background noise
Csn  signal from combined impulse response and noise

NOTE 1 The effective signal-to-noise ratio is only 10 dB in this example in order to display the contribution from the
background noise. Time is relative to the reverberation time.

NOTE 2 Time is relative to the reverberation time. The levels are as calculated according to Equation (11). The figure
shows the first part, S, the second part, N, and the complete integral, Cgyn. 0 dB indicates the correct level corresponding

to an infinite integration period without any noise contribution. Note that the difference between the noise and the
maximum envelope of the impulse response is only 10 dB in this example.

Figure 3 — Integration limits
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Although the reverberation time may not be known, the upper integration limit ¢, in Equation (11) for a level
measurement shall be selected from a rough estimate of the reverberation time 7T for the appropriate
fractional-octave band in question:

A (12)

This implies that the integration should at least be made until the —20 dB point on the squared impulse
response curve. The optimum value of #; will depend on the signal-to-noise ratio. If the background noise is
low, higher accuracy is obtained by increasing the integration interval. The aim is to obtain an effective signal-
to-noise ratio exceeding or equal to the required signal-to-noise ratio in the classical method.

Classical mgthods referred to in this International Standard describe procedures to correct measured (Itevels
when the signal-to-noise ratio is low. The new measurement methods may be used to measure the.effg¢ctive
signal-to-noige ratio and thus compensate automatically for the influence from the noise as a)part of the
method. If tHe noise compensation is part of the method, no further noise compensations shall be applied,
even if stated in the description of the classical method.

The integratipn limit may be selected individually for each fractional-octave band or assa common limit Based
on the highest value of T .

Equation (11)) shall be used for the calculation of level difference as defined by Equation (5). The integfation
limit, #;, fronmp Equation (12) may be selected independently for the two roems or the highest value may be
used.

6.3.5.2 Measurement of reverberation

As for level measurements, the upper limit for the time integral’ in Equation (1) shall be limited in order to
reduce the cpntribution from unwanted noise:

2 ]
Wojhz(t)dt + jgz(z)dz aB (13)

t

1
L(t)=101g
Cref

It is recommended to set ¢, to be the_ time where the envelope of the exponential decay in the impulse
response n? t) intersects with the tail-of-the measured response determined by the extraneous backgfound
noise. Differgnt methods are described-in the literature to compensate for the noise and the truncation ¢f the
integration interval (see Reference {10]).

6.3.6 Response averaging

Averaging mpre impulSe responses before the final impulse response is further processed may enhande the
effective signal-to-neis€ ratio. The impulse response for a room will ideally be determined by a deterministic
process and |willgive a repeatable signal. The extraneous noise, however, will typically be a stochastic $ignal
uncorrelated|with the impulse response. The effective signal-to-noise ratio will then increase by 3 dB for|leach
doubling in the-Arumberof-meastrements-intheaverage

Violation of the requirements for time-invariance and non-linearity will reduce the enhancement of the effective
signal-to-noise ratio and will set a limit for the achievable effective signal-to-noise ratio.

6.3.7 Number of measurement points and spatial averaging

The number of measurement points (combinations of source/microphone positions) shall comply with the
requirement in the applicable classical method.

The combination of levels or level differences shall comply with the requirements in the applicable classical

method. If it is required that the spatial averaged level differences be obtained by first making the average of
levels in each room, a similar procedure shall be followed.

12 © IS0 2006 — All rights reserved
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6.3.8 Stability and time-invariance

All parts of the signal chain, from the excitation to the received signal, shall be time-invariant. This is
particularly important with the MLS method described in Annex A, whereas the swept-sine method described
in Annex B is more robust to such variations. The need for time-invariance improves the gain (amplitude) and
particularly the phase stability. Normally, electronic components used in analog and digital signal processing
are sufficiently stable and seldom need consideration. The loudspeaker sensitivity changes when the voice-
coil heats up, thus previous use may influence the measurement results when the signal has been fed with
substantial power. The user shall therefore aim at stationary, repeatable conditions.

The source or the measurement microphones shall not be moved during a measurement. If a loudspeaker is

used

for facade measurements, the loudspeaker shall be firmly mounted and shall not be allowe

to swing or

rotate.

NOTE

An exception is the measurement of the random-incidence scattering coefficient accordingo IS

Higher frequencies are more likely to be affected by time-variance than lower frequencies.

The
MoVve

The |
makg
Time
the n

6.3.9

measurement methods based on recovering impulse responses are, in' ‘general, more
ments of persons in the measurement rooms than the classical method.

ast part of an impulse response is likely to be more affected by time-variance than the ini
s the measurement of reverberation times more vulnerable than the measurement of leve
variance in the system will typically increase the decay rate for)the final part of the decay &
easured reverberation time.

Environmental conditions

The pew measurement methods may be applied within, the environmental conditions for the clas

Howe
great
in the

The
trans

Time
and
sens

ver, due to an enhanced sensitivity to changes;in the environmental conditions during a
care shall be taken to keep the conditions stable and within the limits for the various methg
annexes.

sound transmission in air is highly-’sensitive to changes in the environmental cong
Mission forms part of the system wheén airborne sound transmission is measured.

variances due to changes in‘the environmental conditions are mainly caused by temperatt
hanges in wind speed. Measurements taking a longer period of time to perform will norm
tive to a drift in the temperature than a faster measurement. If more periods of the 1

synchronously averaged;.the requirement for constant environmental conditions applies

meas
Inforr

more
cond

6.3.1

urement period.
hation on the(sensitivities for the methods described in Annex A and Annex B are also giver

impulse responses measured according to Annex B are averaged, the restricted limits for €
tions as‘described in Annex A shall be followed.

D Calibration and check of accuracy

D 17497-1.

sensitive to

ial part. This
differences.
nd decrease

sical method.
easurement,
ds described

itions. Such

re variations
ally be more
esponse are
or the total

. However, if
nvironmental

6.3.10.1

General

The applicable classical methods normally require that the measuring equipment be checked by using a
sound calibrator before and after a sequence of measurements. If the equipment cannot be tested by the
normal use of a sound calibrator, the procedure given in 6.3.10.2 to 6.3.10.3 shall be used to ensure proper
operation when the measurement is based on omni-directional working standard microphones or microphones
of similar operation.

NOTE 1 Types of microphones other than omni-directional, for example figure of eight microphones, cannot be
calibrated by a sound calibrator.

NOTE 2 The results obtained by the new method are normally not dependent on the absolute sensitivity of the
channels, since the measured quantities are either level differences or rates of level change (reverberation time).
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6.3.10.2 Calibration of equipment with one measurement channel

A level measurement shall be performed with the microphone placed close to the excitation source. The
effective signal-to-noise ratio shall be at least 30 dB. The measurement shall be repeated under identical
conditions and the obtained level differences, for all relevant fractional-octave bands, shall be within the
required measurement accuracy.

6.3.10.3 Calibration of equipment with two or more measurement channels

One channel shall be designated the reference channel. For each of the other channels, the response for the
channel shall be compared to the response of the reference channel. The microphone for the channel to be

compared sH
microphones
relevant frac

The level dif

all be placed face-to-face 1o the microphone of the reference channel. The distance betweq
shall be within 1/10 of the wavelength corresponding to the centre frequency of the.hi
ional-octave band.

erence shall be measurements with the microphones placed close to the excitation source

effective sigmal-to-noise ratios shall be at least 30 dB. The obtained level differences shally for each ¢

pairs, be with

It is recomm

in the required measurement accuracy for all relevant fractional-octave bands.

pnded to use microphones of similar design (size, frequency response, directional response

Some microphones may have protection grids with sound ports that may be blecked if the microphone

placed too cl

bse to each other.

7 Measurement of the frequency response function

The frequen
may also b¢g
response red

As shown in
methods are
of the impuls

The frequen
lowest fractig
frequency sy
source in the

Narrow-band

harmonic co
sufficiently w

8 Precis

Ly response function may be obtained from the impulse response by Fourier transformati
measured as the response to sinusoidal excitation in the required frequency range an
orded as amplitude and phase.

used, the requirements for time-invariance may be relaxed compared to the direct measure
E response.

Ly may be changed continueusly, normally from below the lowest band edge frequency ¢
nal-octave band to be measured to above the upper band edge frequency of the upper ba
veep where the frequency’ increases exponentially as a function of time mimics a pink

classical method.

tracking filters~in-the measurement channel may be used to reduce the noise and re

mponents caysed by non-linearity in the measuring system. The bandwidth of the filters sh
de to prevent-modification of the decay-rate due to the reverberation.

on

n the
phest

. The
f the

etc.)
S are

on. It
d the

Equation (6), the phase information is not needed for level measurements. If suitable detgction

ment

f the
hd. A
hoise

move
Bl be

The new method will by one single measurement obtain the expected value from the classical methods based
on random noise excitation. The result will therefore not have the stochastic spread in the observed values
when the measurement is repeated, as is typical for measurements with random noise excitation. Furthermore,
the method will normally improve the effective signal-to-noise ratio.

The spread in values due to changes in the measurement positions will be as for the classical method, and
the values for the uncertainty of measurement stated for the classical measurement apply for this variation.

Where the environmental conditions can be controlled to be within the requirements stated in Annex A or
Annex B as appropriate, the new methods specified in this International Standard are therefore considered to
have similar or better precision relative to the applicable classical method.
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The uncertainty of the results obtained from measurements according to this International Standard shall be
evaluated, preferably in compliance with the Guide to the expression of uncertainty in measurement (GUM). If
reported, the expanded uncertainty together with the corresponding coverage factor for a stated coverage
probability as defined in the GUM shall be given.

9 Testreport

The expression of results and the information in the test report shall comply with the applicable classical
method. Additionally, the test report shall contain at least the following information:

a) teference o this Internafional Standard, i.e. TSO 18233:2006;
b) short description of the applied method: signal type, signal duration, number of averages) etdl;

c) number and title of the International Standard of the applicable classical method-

© I1SO 2006 — All rights reserved 15


https://standardsiso.com/api/?name=3caa889ce05d062c8c870b99c800e3cd

ISO 18233:2006(E)

Annex A
(normative)

Maximum length sequence method

A.1 General

This annex d
(MLS) and th
of building aq

A maximum
fixed rate, f
response. Al
appears in a

The MLS is ¢
The autocor
periodically.

frequency fr

JREP =

For this desd
will therefore

the beginning of the record [16].

When using
from the cro
sequence, U
illustrated in

The Hadams
consists of ¢
the method

power of two

12 =l1+

ives only a brief introduction to the measurement method based on maximum length sequs
e Hadamard transformation. Extensive information about the method and applications(in-thg
oustics is available in the literature (see References [10] to [12] and [15]).

ength sequence is a binary sequence. When used for excitation, the binary valugsare outpu

, Which for this description is assumed to be equal to the sampling frequéney for the rec
though the sequence is deterministic, it sounds like white noise and each of the binary v
random-like manner.

haracterized by an order, N, given by a whole number. The length of'the sequence is I, =2
elation of the sequence will almost be a periodic delta-pulsezwhen the sequence is rep
The signal will thus be an approximation to a record of white” noise replayed with a repé

p:

1 fc

Trep 27V —1

ription, it is assumed that the sequence is replayed periodically. The measured impulse resf
also be periodic, meaning that the tail of\the response outside the record will be folded bs
white excitation signals, the impulse response of any linear system may in general be obt
5s correlation between the output and the input. When the input is a periodic maximum |
Figure A1,

rd transformation_may be done very efficiently as a Fast Hadamard Transformation (FHT]
ombining different’samples in the recorded response by additions and subtractions. Includ

s the additiomof/one extra sample in the record so the length of the output sequence, /,
value:

1=2%

nces
field

tata
brded
Alues

V —1.
ayed
tition

(A1)

onse
ck to

hined
bngth

5ing the Hadamard transfofmation may speed up this cross correlation process. The procgss is

and
ed in
,is a

(A.2)

The output fke .
system is then deflned with the electrlcal eXC|tat|on as /nput and the input to the recordlng deV|ce as output.

The

Therefore, in addition to the room response, the power amplifier, loudspeaker and possibly filtering networks
will be a part of the system. For most building acoustic measurements as described in this International
Standard, the main characteristics in the response will be determined by the room. The impulse response

shall be furth

er processed to obtain the fractional-octave-band filtered response.

Due to the periodic nature of the excitation, the measured impulse response will also be periodic. If the
impulse response is longer than one period, the tail of the impulse response will add to the first part (time
aliasing — circular convolution).

16
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MLS “:[[:] D—u—» HT ‘ OF I(-)Zdt LL(t)

Key
MLS |generator for MLS signal
R room

HT |Hadamard transformation
OF |fractional-octave filter

Figure A.1 — Scheme for MLS process

A.2 |Sequence length

The Iength of the sequence shall be equal to or longer than the reverberation time as required in [Equation (10).
The Ipwer limit for the clock frequency, f., which normally is equal to the sampling frequency for|the recorded
respanse, will be set by the required upper frequéency range. The length of the sequence anhd the clock
frequency will set the lower limit for the order of the MLS.

NOTE The calculation of the required ordef may be illustrated by the following example. The estimated reverberation
time Tis 1,5 s, the upper measurement frequency is 3,55 kHz (upper band edge frequency for 3,15 kHz filter band), the
clock pnd sampling frequency is 12 kHz. Thelower limit for the order is given by:

2N 4

Cc
This qorresponds to

- Ig (ch +1) X 19(1,5x12 000 +1) 1
~ 1g(2) Ig9(2)

4,2 (A.4)

The gmallest whole number satisfying this requirement is N =15. The order may, however, be reduced to 14 if the
sampling-£requency is reduced closer to the limit 2 x 3,55 kHz or 7,1 kHz.

A.3 Signal-to-noise ratio

A.3.1 General

If more periods of the recorded response or the impulse response are synchronously averaged, the effective
signal-to-noise ratio may be enhanced as described in 6.3.6. In addition, if the important part of the impulse
response is shorter than the length of the measured response, the sequence used for computing the values
may be truncated and thereby the noise in the rest of the record will be removed. This is based on the fact that
normal uncorrelated noise will still have a constant distribution along the time-axis after the Hadamard
transformation. Even an extraneous impulse signal will have a stationary distribution along the time-axis after
the Hadamard transformation.
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The equations below for signal-to-noise ratios assume stable environmental conditions and linearity so the
system may be considered as a linear time-invariant system.

A.3.2 Leve

| measurements

Most of the energy of the impulse response will reside in the first part as described in 6.3.5.1. If the integration
limit, ¢4, is defined according to Equation (11), the enhancement in the effective signal-to-noise ratio in
decibels, 4, compared to the classical method will be approximately given by (see Reference [10] in the
Bibliography):

A=1OI§;{”_TREL}‘O‘B
1

where n is th

The signal-tq
conventional

e number of averages.

-noise ratio for the classical method is the ratio obtained when the MLS-signal is used
excitation signal.

A.3.3 Measurement of reverberation time

The MLS se
calculated by
a reference,
approximate

Az10|§]

where T is th

The level ra
classical mef

A.4 Time

guence may be regarded as a conventional noise excitation _signal and the reverberation
the classical interrupted noise method. If the signal-to-noise-atio in this measurement is us
the enhancement, A, in the effective signal-to-noise ratio:forthe MLS/Hadamard method v
y given by (see Reference [10] in the Bibliography):

b

e reverberation time.

13,8><I’ITREP
T

(A.5)

as

time
bd as
ill be

(A.6)

hge used to obtain the reverberation-time by the new method shall comply with the reflerred

hod.

nvariance

A.4.1 General

Time-variang
unreliable re
methods and
in 6.3.8.

e in the systém-to be measured may limit the achieved effective signal-to-noise ratio and Ig
sults. Besides linearity, time-invariance is a critical parameter in the application of MLS-k
shall always be considered. Slow time variances due to environmental conditions are desq

ad to
ased
ribed

A.4.2 Mov

mernt

All excitation sources, reflectors, microphones, other equipment or room boundaries shall be stationary and
shall not be moved during a measurement.

NOTE

A.4.3 Environmental conditions

A431

Temperature

An exception is the measurement of the random-incidence scattering coefficient according to ISO 17497-1.

The following limits found in the literature may be used as a guide (see References [10] to [12] in the
Bibliography).

18
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Maximum temperature change, A4, during a measurement of level difference:

A3<ﬂ°c

fT
where
f is the centre frequency of the fractional-octave-band filter;

T is the reverberation time.

(A7)

For the measurement of reverberation time in the range 0 dB to 30 dB below the stationary level,
limit for the change in temperature is given:

9<&°C
fT

A.4.3.2 Maximum wind speed (outdoor measurements)

Meagurements shall only be performed when the average wind velocity is less than 4 m/s 3
velodity during gusts is less than 10 m/s. In the case of wind, the wind velocity close to the loud
be monitored to ensure that this requirement is fulfilled. The wind,/measurement equipment s
accufacy of at least 10 %, and a time constant of no more that 2.s {111,

A.4.4 Distortion

Distoftion in the excitation channel will normally showup as an increased noise floor including
excitation channel shall therefore be operated in_a-range where response is mainly linear. WH
MLS [ method, an increased effective signal-to;noise ratio may be obtained by reducing t
amplitude. Reference [12] gives further guidelines.

Someé sources of non-linearity may generate non- or sub-harmonic distortions (e.g. rattling) and
kept gt a low level.

the following

(A.8)

nd the wind
speaker shall
hall have an

spikes. The
en using the
ne excitation

shall also be
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Annex B
(normative)

Swept-sine method

B.1 General

Generally speaking, any kind of excitation signal may be used to determine the impulse response
respective frequency response function of any linear and time-invariant system, provided that (it eor
enough enerpy at every frequency of interest. The impulse response can be obtained from the respense
excitation by deconvolution, or the frequency response function can be obtained by dividing the @

spectrum of
input and ouf

Using sinusd
described in

and air movément) and elimination of the deterioration of the effective signal-teZnoise ratio due to harr
all harmonic distortion can be deleted from the results, the sinusoidal excitation signal can be

distortion. Ag
fed with subs
to-noise ratig

Measuremer
measuremer

sometimes the only viable option when measuring impulse responses over long distances.

A sweep ex
manner. Theg
may be divid
with a separg

The effects @

When a swd
function. Thi

shall follow thhe sweep to allow/theCollection of all delayed components.

NOTE A

“chirp”, “sinus

B.2 Swee

he system under test by the spectrum of the input. The latter implies Fourier transformation
put signal in order to perform the division in the spectral domain.

idal sweeps as the excitation signals offers a couple of advantagesicompared to the m
Annex A. The obtainable advantages include reduced sensitivity té time variance (tempef

tantially more power than MLS signals. At quiet sites, sweep measurements can provide s
s in excess of 100 dB.

ts with sweeps are less vulnerable to the deleterious effects of time variance. In ou
ts, these frequently occur due to air movement. Under windy weather conditions, sweep

Litation may be made once, from the lower to the higher frequency, or repeated in a pe
analysis in this annex is based on one single sweep. If convenient, the total frequency

ed into blocks covering only a part:of_the range, e.g. each fractional octave may be mea
te sweep.

f using periodic sweeps or repeated sweeps are covered in B.8.
ep is emitted only once;~all its energy is being used for evaluating the frequency resy

5 aperiodic use of the excitation signal reduces the measurement time, although a gap of si

humber of différent names have been used in the literature to describe the swept-sine method. This in
idal sweep” and “time-stretched pulse”.

and
tains
o the
utput
Df the

ethod
ature
nhonic

gnal-

tdoor
5 are

riodic
ange
sured

onse
ence

ludes

pcduration

In contrast to measurements with periodic excitation signals, there are no special requirements relating the
sweep duration to the expected reverberation time that have to be considered. Anything from short chirps to
sweeps many times longer than the reverberation time may be used. However, the acquisition time for
recording the sweep response shall be longer than the sweep itself to collect the reverberation until it has
decayed under the noise floor.

In room and building acoustics, the reverberation time is normally longest for the lower frequencies. When
very long sweeps (many seconds) are being used, the final gap only shall accommodate the reverberation at
the highest frequencies, which generally is quite short. This holds because all the lower frequency
components arrive while the excitation signal is still sweeping upwards.
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Increasing the sweep duration brings more acoustic energy into the room to be measured and thus increases
the effective signal-to-noise ratio. Generally a prolonged sweep should be preferred over averaging as it
reduces the vulnerability to time variance and eases the separation of the distortion products.

B.3 Sweep generation

B.3.1 General

Accordlng to the spectral requwements mentioned in 6.2.2, a non- wh|te excitation spectrum is preferable for
the

In capes with moderate background noise, it is normally a safe practice to use-sweeps with a ler
four fimes the longest reverberation time and leave a silent gap equalling the expected longest
time.

gth of two to
everberation

B.3.2 Sweeps with white and pink spectrum

A lingar sweep with constant amplitude corresponds to equal ehergy per hertz and is normally

Hesignated a
b is constant.
spectrum. An

dble classical

B.3.3 Synthesis of sweeps with arbitrary-amplitude spectrum

The $pectrum of the excitation signal may.be adjusted to the requirements as described in 6.2.2
the sweep rate. Generally, adjustment ‘of the sweep rate is preferred compared to change of
(ampfitude) as it allows a constant.distance to the clipping level of an amplifier to be maintained.

by changing
he envelope

If the sweep rate at a particular frequency is lowered, more energy will be concentrated in this part of the
specfrum. By properly controlling the sweep rate, sweeps with almost arbitrary amplitude spectrufn, yet almost

consfant temporal amplitude envelope can be synthesized. Reference [13] gives further details on how to
obtaip a wanted spectrum. The article also describes methods to reduce transient from the start and stop of
the sweep.

B.4 [Recording the response

The re the sound
delayed by the reverberation is received. The time needed for the record depends on the sweep speed, the
frequency range to be covered and the reverberation of the room(s). For the measurement of level differences,
the recorded decay shall cover at least 30 dB or half the reverberation times.

For measurement of reverberation time, the decay shall cover the range specified in the referred classical
standard. Normally, a higher dynamic range than for level measurements is needed which leads to the need
for a longer length of the record.

Figure B.1 shows a time-frequency plot of an exponential sweep excitation and the corresponding response.
Note that the received frequency components are delayed due to the reverberation.
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