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Foreword

ISO (the International 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-governmental, in liaison with ISO, also take part in the work.
ISO collaborates closely with the International Electrotechnical Commission (IEC) on all matters of
electrotechnical standardization.
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Introduction

Loudness and loudness level are two perceptual attributes of sound describing absolute and relative
sensations of sound strength perceived by a listener under specific listening conditions. Due to inherent
individual differences among people, both loudness and loudness level have the nature of statistical
estimators characterized by their respective measures of central tendency and dispersion determined
for a specific sample of the general population.

The object of this document is to specify a calculation procedure based on the physical properties of
sound for estimating loudness and loudness level of sound as perceived by listeners with otologically
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| without conducting separate human observer studies for each application. Beeat
berceived quantity, the perception of which may vary among people, any. calculat
represents only an estimate of the average loudness as perceived by a group of indi
oically normal hearing.

document describes a method for calculating the loudness of tifne-varying soun
signal, which may differ for the two ears. This calculation methodis based on Moo
rtenlacher loudness calculation algorithms[lIto [3], The method allews calculation of tw]

he short-term loudness, which is the momentary loudness/of'a short segment of a sou
vord in a speech sound or a single note in a piece of musi€

he long-term loudness, which is the loudness of a.longer segment of sound, such
entence or a musical phrase.

host everyday sounds, both the short-term loudness and the long-term loudness var
budness of sounds with durations up to 2 s\er 3 s is well predicted from the maximumn
term loudness reached during presentation of the sound[4llel to [8], For long-duratio
s, the long-term loudness based on thé method described in this document is very
less determined using the method.described in ISO 532-2[2]. Deviations can occur for
g amplitude fluctuations, such as’noises with narrow bandwidth; for such sounds th
less is more accurate for thissdocument than for ISO 532-2.

hethod of loudness calculation described in this standard can be applied to signals of 3
bver, it does not directly give an output corresponding to the overall loudness impressi

or soundscape over,a’period of minutes, hours, or days, which is called the “overall
tandard. The output of the method of loudness calculation described in this standard
ssed to estimate the overall loudness of a sound scene.

Post-processing is outside the scope of this document, but some possible methoc
bed[10] to i3],

document describes the calculation procedure leading to estimation of the loudness 3
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of time-varyving sounds and provides executable computer programs. The software p

ovided with

this document is entirely informative and provided for the convenience of the user. Use of the provided
software is not required for conformity with the document.

NOTE

©ISO

Equipment or machinery noise emissions/immissions can also be judged by other quantities defined
in various International Standards (see e.g. ISO 1996-1[14], [SO 3740[13], [SO 9612[16], and ISO 11200[17]),
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Acoustics — Methods for calculating loudness —

Part 3:
Moore-Glasberg-Schlittenlacher method
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document specifies a method for estimating the loudness and loudness level of bot
ime-varying sounds as perceived by otologically normal adult listeners under, spec
tions. The sounds may be recorded using a single microphone, using a head-and tor}
I sounds presented via earphones, the electrical signal delivered to the earphones ma

hethod is based on the Moore-Glasberg-Schlittenlacher algorithm.

1  Users who wish to study the details of the calculation method‘cah review or impleme
which is entirely informative and provided with the standard for the ‘convenience of the user.

method can be applied to any sounds, including tones,breadband noises, complex

sharp line spectral components, musical sounds, speech, and.impact sounds such as gunsh

boon

Calcy
lastix

NOTE
of eq
ISO 3

S.

lation of a single value for the overall loudness\over the entire period of a time-va
1g more than 5 s is outside the scope of this document.

2 It has been shown that, for steady tones, this method provides a good match to
hal loudness level as defined in ISO 226:2003[18] and the reference threshold of hearing
B9-7:2019[19],

2

ormative references

The following documents ay€ referred to in the text in such a way that some or all of
constitutes requirements/of this document. For dated references, only the edition cited
undafed references, thedatest edition of the referenced document (including any amendme

IEC §0318-7, Electredcoustics — Simulators of human head and ear - Part 7: Head and torso
the measurement of sound sources close to the ear

IEC 6[1672-1, Electroacoustics - Sound level meters - Part 1: Specifications

3

h stationary
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sounds with
ts and sonic

rying signal

the contours
As defined in

heir content
applies. For
nts) applies.

simulator for

erims and definitions

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

ISO and [EC maintain terminology databases for use in standardization at the following addresses:

©ISO

[SO Online browsing platform: available at https://www.iso.org/obp

IEC Electropedia: available at https://www.electropedia.org/
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3.1

sound pressure level

L

p
ten times the logarithm to the base 10 of the ratio of the square of the sound pressure, p, to the square

of a referenc

L,=10lg

e value, p,, expressed in decibels

2

P
2

Po

dB

where the reference value, p, in air is 20 pPa

Note 1 to en
denote the sq
frequency an|
should be in

time weighting S (slow). Frequency weightings such as A-weighting should not be used when.specifying

pressure leve]
Note 2 to enty

3.2
filter

any device or mathematical operation which, when applied to a complex\signal, passes energy of s

components
other freque

3.3

band-pass fiilter

filter (3.2) t
energy outsj

3.4
sound spec
representati
as a functior

3.5

auditory fil
filter (3.2) W]
characterist

3.6

ERB,
equivalent r
width of an
auditory filte

Ty 1S always understo
are of a frequency-weighted, frequency-band-limited or time-weighted sound pressuref sj
d time weightings as specified in IEC 61672-1 and/or specific frequency bands are. dpplied
licated by appropriate subscripts; e.g. L, s denotes the A-weighted sound pressure’level

s for the purpose of loudness calculation using the current procedure.

y: This definition is technically in accordance with ISO 80000-8:2020, 8-221201,

of certain frequencies while substantially attenuating énergy of signal components
ncies

hat passes signal energy within a certain, frequency band and rejects most of the 3
de of this frequency band

frum
on of the magnitudes (and sometinies of the phases) of the components of a complex g
of frequency

fer
ithin the human cochlea describing the frequency resolution of the auditory system, y
ics are usually estintated from the results of masking experiments

ectangular bandwidth of the auditory filter for otologically normal persons
idealised rectangular band-pass filter (3.3) that has the same peak transmission 4
r{3.5) at the same centre frequency and that passes the same power for a white noise

od to
ecific
|, this
with
cound

ignal
of all

ignal

ound

'hose

s the
input

(in Hz)

Note 1 to entry: The subscript n indicates that the value applies for listeners with otologically normal hearing.

Note 2 to entry: The unconventional use of a multiletter abbreviated term presented in italics and with a subscript
is used here in the place of a symbol to maintain the use of an established notation and to avoid confusion.
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3.7

ERB, -number scale

equivalent rectangular bandwidth number scale

transformation of the frequency scale constructed such that an increase in frequency equal to one ERB,
(Hz) (3.6) leads to an increase of one unit on the ERB -number scale

Note 1 to entry: The unit of the ERB -number scale is the Cam. For example, the value of ERB, for a centre
frequency of 1 000 Hz is approximately 132 Hz, so an increase in frequency from 934 Hz to 1 066 Hz corresponds
to a step of one Cam. The equation relating ERB -number to frequency is given in 7.4.

3.8
loudness level

soung pressure level of a frontally incident, sinusoidal plane progressive wave, presenteld binaurally
at a firequency of 1 000 Hz that is judged by otologically normal persons as being as-loud|as the given
sound

Note [ to entry: Loudness level is expressed in phons.

3.9
loudpess
perceived magnitude of a sound, which depends on the acoustic properties of the sound and the specific
listenjing conditions, as estimated by otologically normal listeners

Note [ to entry: Loudness is expressed in sones.

Note |2 to entry: Loudness depends primarily upon the soundypressure although it also depepds upon the
frequency, waveform, bandwidth, and duration of the sound.

Note B to entry: One sone is the loudness of a sound whase Toudness level is 40 phon.
Note f to entry: A sound that is twice as loud as anefher sound is characterized by doubling the numpber of sones.

3.10
shorf-term loudness
loudness of an individual brief segmentof sound, such as a syllable in speech, a single musifal note, or a
shorf burst of a sound, typically lasting up to 500 ms

3.11
long{term loudness
loudness of a long sound,-such as a whole sentence, a musical phrase, or a continuous nolse, typically
lastingupto5s

Note [l to entry: The‘everall loudness of a sound or soundscape lasting longer than 5 s can be estinjated by post-
processing of the\long-term loudness as a function of time. Such post-processing is outside the|scope of this
standard, but some possible methods are described in References [10] to [13].

3.12
excitation
E

output of an auditory filter (3.5) centred at a given frequency, specified in units that are linearly related
to power

Note 1 to entry: An excitation of 1 unit is produced at the output of an auditory filter centred at 1 000 Hz by a tone
with a frequency of 1 000 Hz with a sound pressure level of 0 dB presented in a free field with frontal incidence.

3.13

excitation level

Lg

ten times the logarithm to the base 10 of the ratio of the excitation (3.12) at the output of an auditory
filter (3.5) centred at the frequency of interest to the reference excitation (3.12), E

E
L. =10lg—dB
E gEo

©1S0 2023 - All rights reserved 3
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where the reference excitation E is the excitation produced by a 1 000 Hz tone with a sound pressure

level of 0 dB
3.14

presented in a free field with frontal incidence

specific loudness

Nl

calculated loudness evoked over a frequency band with a bandwidth of 1 ERB,, centred on the frequency

of interest

4 General

The method
of any sound

The method
that those w
(see Annex 4
that the pro
The source

implementaf

NOTE1 TH
published eai

NOTE2 Uy

5 Inputs

The signal tl
usinga 32 k
for the sign
sampling rat

5.1 Singl¢

The sound c:
head, after t
(the same af]

described in this document specifies a method for calculating loudness and loudness
based on the Moore-Glasberg-Schlittenlacher procedure.

involves a sequence of stages. Each stage is described below. However, it-is envis
ishing to calculate loudness using this procedure will use one of the cothputer prog
) provided with this document that implements the described procedufte,dt is not exp
redure will be implemented “by hand”. Such computations would be very time consu
fode provided in Annex A gives an example of the implementatiom of the method.
ions using different software are possible.

e computational procedure described in this document is anyupdated version of proce
lier elsewhere in References [1] to [5].

certainties are addressed in Clause 8.

jignal

hat is used as input to the algorithm is the“waveform for each ear (left and right), san
Hz sampling rate. If the Matlab®1) codé‘described in Annex C is used, higher sampling
il are allowed. These are automatically converted by the Matlab® software to a 3%
e. The signal can be obtained inthree ways.

> microphone

in be recorded using a-single microphone placed at the centre of the position of the listg
he listener has been.removed from the sound field. In this case, the sound would be

5.2 Two microphones in the ear canals or microphones in a head and torso simulat

The sound ¢

an berecorded using two small probe microphones with the tips placed close to ead

drum (lefta

level

aged
rams
bcted
ming.
Dther

dures

hpled
rates
kHz

ner’s
Hiotic

the two ears) and the single recorded signal would be presented to both input channlels of
the algorithin.

us

h ear

hdpight) or using the two ear simulators (left and right) in a head and torso simulator

5.3 Earphone presentation

If the sound is delivered via earphones, the input signals for the algorithm correspond to the electrical
signals delivered to the earphones, but with allowance for the transfer function from each earphone to
the eardrum; see 7.2.4.

1) Matlab® is a trademark of MathWorks. This information is given for the convenience of users of this document
and does not constitute an endorsement by ISO of the product named. Equivalent products may be used if they can
be shown to lead to the same results

4 © IS0 2023 - All rights reserved
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6 Instrumentation

Measuring instrumentation used to acquire a signal to be used as an input for method 5.1 and 5.2
shall conform to IEC 61672-1. The microphone(s) used for method 5.1 shall have an omnidirectional
characteristic or a free-field characteristic. If a head and torso simulator is used it shall conform to
IEC 60318-7. For signals acquired using a head and torso simulator, the transfer function of the simulator
as supplied by the equipment manufacturer or acquisition software shall be allowed for.

7

7.1
The procedure involves a sequence of processing operations, as illustrated in Figure-h

For epch ear, the processing operations are:

a)
b)

c)

d)

e)

Subs¢quent stages are:

f)

g)

h)

j)

Description of the method

General

q filter to allow for the effects of transfer of sound through the outer and'middle ear;

Q

t high frequencies;

—

lters as a function of centre frequency;

o))

xcitation to specific loudness;

(%)

process resembling an automatic gain control{AGC) to give short-term specific loudne

the short-term specific loudness patterns for each ear are used to calculate broadly-tu
hhibition functions, the amount” of inhibition depending on the relative short-t¢
budness at the two ears;

[

the inhibited specific loudness patterns are summed across frequency to give an esf
hort-term loudness for)each ear;

(%))

the binaural shortterm loudness is calculated as the sum of the short-term loudness v
tjwo ears;

fond

he long-teérm loudness for each ear is calculated by smoothing the short-term loudness
gain by-aprocess resembling AGC;

Q

q short-term spectral analysis of the sound spectrum with greater-frequency resolution at low than

dalculation of an excitation pattern, representing the magnitudes of the outputs of fthe auditory

dpplication of a compressive nonlinearity to the output of each auditory filter tp transform

moothing over time of the resulting instantahieous specific loudness pattern using gn averaging

5S.

ned binaural
brm specific

imate of the

alues for the

for that ear,

b ears.

thebinaural long-term loudness is obtained by summing the long-term loudness acros

These steps are described sequentially in 7.2 to 7.9.

© IS0 2023 - All rights reserved


https://standardsiso.com/api/?name=efa767cb4bace87e44a66a161949eee2

ISO 532-3:2023(E)

i

. . Icul Icul
Filter to Determine Transform Transform Calculate scrfuf(];lt }811::1 fr?h?ll)li ;ietg
F . . . .
£ simulate running spectrum to excitation short-term ) )
= | outerand short-term excitation to specific specific shsoretc’ic?ilém shsor:;?irém
middle ear spectrum pattern loudness loudness P P
loudness >< loudness
e Filter to Determine Transform Transform Calculate s(:;lcf(l)ltl}?:i fflif;rgg
as) simulate running spectrum to excitation short-term short-term short-term —
E outer and short-term excitation to specific specific specific specific
middle ear spectrum pattern loudness loudness p p
loudness loudness
Suin across Calculate -
CHs to get
—| long-term
short-term
loudness
lgudness Sum across Sum across
ears to get ears to get
overall overall
short-term short-term
Suin across loudness loudness
Calculate
CHs to get
> —| long-term
short-term -
loudness >
loudness

Figure [l — Flow chart illustrating the sequence of processing operations in the method

7.2 Trangfer of sound through the outer and middle ear

7.2.1 Genpgral

The transfer of sound through the outér-and middle ear is modelled using one of three finite impulse
response (F[R) filters with 4 097 ceefficients. Different filters are used depending on the meth¢d by
which the sqund was picked up apd the method by which the sound was delivered to the listeners.,|Each
filter represgnts the combined effect of the outer ear and the middle ear. The transfer function fqr the
middle ear i$ the same as forrdS07532-2:201719], 7.3 and is specified in column 4 of Table 1. This transfer
function is referred to as “fiddle ear only”.

Table 1 — Transfer functions

Frequency Difference between the sound | Difference between the sound | Scaled transffer
pressure level at the tympan- | pressure level at the tympan- | function valug for
iL lllclll‘lll dlltT dlld thc )Uulld ib lllClllIIJl ale dlld tlu: auuud t:l‘: llliddic car
pressure level measured in the | pressure level measured in
free field (in the absence of a the diffuse field (in the ab-
listener) sence of a listener)
Hz dB dB dB
20 0,0 0,0 -39,6
25 0,0 0,0 -32,0
31,5 0,0 0,0 -25,85
40 0,0 0,0 -21,4
50 0,0 0,0 -18,5
63 0,0 0,0 -15,9

a  Values are in a range that has not been validated.

6 © IS0 2023 - All rights reserved
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Table 1 (continued)
Frequency Difference between the sound | Difference between the sound | Scaled transfer
pressure level at the tympan- | pressure level at the tympan- | function value for
ic membrane and the sound ic membrane and the sound the middle ear
pressure level measured in the | pressure level measured in
free field (in the absence of a the diffuse field (in the ab-
listener) sence of a listener)
Hz dB dB dB
80 0,0 0,0 -14,1
100 0,0 0,0 -12,4
125 0,1 0,1 -11,0
160 0,3 0,3 -9,6
200 0,5 0,4 -8,3
250 09 0,5 -7,4
315 1,4 1,0 -6,2
400 1,6 1,6 -4,8
500 1,7 1,7 -3,8
630 2,5 2,2 -3,3
750 2,7 2,7 -2,9
800 2,6 29 -2,6
1000 2,6 3,8 -2,6
1250 3,2 5,3 -4,5
1500 5,2 6,8 -5,4
1600 6,6 7,2 -6,1
2000 12,0 10,2 -8,5
2500 16,8 14,9 -10,4
3000 15,3 14,5 -7,3
3150 15,2 14,4 -7,0
4000 14,2 12,7 -6,6
5000 10,7 10,8 -7,0
6000 71 8,9 -9,2
6300 6,4 8,7 10,2
8000 1,8 8,5 -12,2
9000 -0,9 6,2 -10,8
10 000 -1,6 5,0 -10,1
11°200 1,9 4,5 -12,7
12'500 49 40 15,0
14 000 2,0 3,3 -18,22
15000 -2,0 2,6 -23,82
16 000 2,5 2,0 -32,32
a2 Values are in a range that has not been validated.

7.2.2 Free-field transfer function

For sounds presented in a free field from a frontal direction, it is assumed that the transformation from
free-field sound pressure (measured in the absence of the listener at the position corresponding to
the centre of the listener’s head) to eardrum sound pressure is as specified in Shawl[21l. This transfer
function is the same as for I1SO 532-2:2017[21,7.3 and is specified in column 2 of Table 1. The overall
transfer function for this option is the sum of the transfer functions in columns 2 and 4 of Table 1.

©1S0 2023 - All rights reserved 7
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The free-field option can be used for sound picked up by a single microphone placed at the centre of the
position of the listener’s head, after the listener has been removed from the sound field. In this case, the
sound would be diotic (the same at the two ears).

7.2.3 Diffuse-field transfer function

For diffuse-field presentation, the transfer function is derived by averaging the sound-field-to-eardrum
transfer function over many directions of incidence. The values used are based on the average of
measurements given in in the literaturel2ll to[23], The diffuse-field transfer function is the same as
for ISO 532-2:201712], 7.3 and is specified in column 3 of Table 1. The overall transfer function for this

option is the sum of the transfer functions in columns 3 and 4 of Table 1.
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to therearphones, the diffuse-field option is used.

When spunds are delivered via earphones with a “flat” response at the eardrum or wheh the
electrical signal delivered to the earphones is digitally filtered to simulate the response of the
earphone at the eardrum prior to being used as input to the model, the middle-ear only option is
used.

For sounds presented via earphones, the sounds can be identical at the two ears (diotic) or they can
differ at the two ears (dichotic).

7.3 Calculation of the running short-term spectrum

A running estimate of the sound spectrum at the output of the FIR filter for each ear is obtained by
calculating six Fast Fourier Transforms (FFTs) in parallel, using signal segment durations that decrease
with increasing centre frequency. This is done to give sufficient spectral resolution at low frequencies
and sufficient temporal resolution at high frequencies. The six FFTs are based on Hann-windowed
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segments with durations of 2 ms, 4 ms, 8 ms, 16 ms, 32 ms and 64 ms, all aligned at their temporal
centres. The windowed segments are zero padded and all FFTs are based on 2 048 sample points. All
FFTs are updated every 1 ms. Hence, the overlap of successive segments is at least 50 %.

The use of a Hann window reduces the effective level relative to what would be obtained without a
window by 4,26 dB. However, this effect is partly offset by the fact that for a sinusoidal input signal,
the calculated short-term spectrum has significant energy in more than one bin. To allow for these
effects the level of each component in the calculated spectrum is increased by 3,32 dB. This leads to
a calculated loudness of exactly 1 sone for a 1 000 Hz sinusoid presented binaurally in free field with
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Calculation of the running short-term excitation pattern
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method as described in ISO 532-2:2017(9], 7.4, but with slightly ‘¢oarser spacing of
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and p is a dimensionless parameter determining the bandwidth and slope of the filter. For calculating
X, the value of p in Formula (2) is set to 4f./ERB,. The output power of the rounded-exponential filter is

calcu
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Forf>f. g=0to4

The calculation of X is performed with the filter centred in turn on every component in the input
spectrum.

To calculate the output of a given auditory filter in response to a given group of frequency components,
it is first necessary to specify the shape of the filter. Each side of the filter is specified to have the
form given in Formula (2). The value of p for the lower side of the filter (frequencies below the centre
frequency) is denoted p;, while the value of p for the upper side of the filter (frequencies above the
centre frequency) is denoted p,. The value of p is invariant with level and is equal to 4f. / ERB,. The

value of p; is

calculated as follows.

The value of p, for X = 51 dB is set equal to 4f. / ERB,,. Let p|(X, f.) denote the value of p, at leéViel'’X and
centre frequency f.. Then Formula (5)

p (X, fe)=p1 (5L, fo)=Dlpy (51, /) / p1(51,1000)] (X -51) (5)
where p,; (51, f.) is the value of p, at centre frequency f, for X = 51 dB, p;(51,1000) denotes the vajue of
p;at1 000 Hz for X = 51 dB and D is a constant with unit 1/dB and a value of 0,35.

The final exfitation pattern is plotted with the scale of centre frequen¢y, /., transformed to an ¥RB, -
number scale. An increase in frequency equal to 1 ERB, corresponds<e,a step of one unit on the ¥RB, -
number scale. For brevity, the unit of the ERB -number scale is:dénoted the Cam, and the scale is
denoted the|Cam scale.

EXAMPLE According to Formula (1), the value of ERB, for f(="1 000 Hz is approximately 132 Hz, [so an
increase in frequency from 934 Hz to 1 066 Hz corresponds to a step of 1 Cam.

The relationghip of ERB, -number i to f_ is given by an equation derived from Formula (1)

i=21,3461g(0,004368 f, +1) (6)
The excitatfon pattern is calculated for.ERB -numbers i from 1,75 to 39 in steps of 0,25{ The
correspondipg centre frequencies f_ arecalculated by inverting Formula (6).

7.5 Trangformation of excitation into specific loudness

7.5.1 Genpgral

The short-tegrm excitation at each centre frequency is transformed to specific loudness, using eyactly
the same prjocessing(steps as described in ISO 532-2:201712], 7.5. The specific loudness pattern|for a
given ear at this stage is what would occur if there were no input to the other ear.

The excitati¢iCratio E/E, is transformed to specific loudness N’ in sone/ERB,.. The calculation of spgcific

loudness depemdsomtwo properties of threcocttea:

— gain of t

excitation at the reference threshold of hearing, and

he cochlea for inputs with low sound pressure levels,

which are described in 7.5.2 and 7.5.3. Subclauses, 7.5.4 to 7.5.7, describe the calculation procedure
based on the excitation ratio E/E|,.

7.5.2 Reference excitation at the reference threshold of hearing

The reference threshold of hearing is the lowest detectable sound pressure level of a sound in the
absence of any other sounds. The function relating the excitation level at the reference threshold of
hearing to frequency for monaural listening is specified in Table 2 (binaural listening is considered in
7.7). Interpolation is used to determine values at frequencies between those shown in the table. The
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values given in Table 2 are values at the peak of the excitation pattern for sinusoidal signals, i.e., values
at the output of the auditory filter centred at the signal frequency. Above 500 Hz, the excitation ratio at
the reference threshold of hearing is constant. The peak excitation ratio produced by a sinusoidal signal
at threshold (for monaural listening) is denoted Eqygqo/Ej. For frequencies of 500 Hz and above, the
value of Etygq/Ey is 2,307 (equivalent to an excitation level, Lg, of 3,63 dB).

Table 2 — Excitation level and value of 10lg G at the reference threshold of hearing for monaural

listening
Centre frequency Excitation level at reference | 10lg G at reference threshold
threshold
(constantIor all values above
500 Hz)

Hz dB dB

50 28,18 -24,55

63 23,90 20,27

80 19,20 -15,57

100 15,68 -12,05

125 12,67 -9,04

160 10,09 -6,46

200 8,08 -4,45

250 6,30 -2,67

315 5,30 -1,67

400 4,50 -0,87

500 3,63 0,00

630 3,63 0,00

750 3,63 0,00

800 3,63 0,00

1000 3,63 0,00

7.5.3] Gain of the cochlear-amplifier for inputs with low sound pressure levels
The ferm G represents the gain of the cochlea for inputs with low sound pressure levels|at a specific
frequyency, relative to theé-gain at 500 Hz and above (which is assumed to be constant). The|product of ¢
and Hryrq/E) at a specific frequency is independent of frequency. Column 3 of Table 2 shops the value
of G, expressed in{decibels, for different frequencies.
EXAMPLE IfETHRQ/E0 is a factor of ten higher than the value at 500 Hz and above, then G is equal to 0,1. More
generplly, if Eyro/Ey is a factor K higher than the value at 500 Hz and above, then G is equal to 1/K.
7.5.4_ Calculation of specific loudness from excitation when Ev ;0 /Fy < E/E,

11111

When the excitation evoked by the signal of interest at a specific centre frequency is greater than or
equal to the value of Eqyrq/E| for that frequency, but less than or equal to 1010, which covers the range
of most practical applications, the specific loudness is calculated by Formula (7):

N’=C[(GE/EO +A)* —A“] (7)

where C = 0,063 sone/Cam. The quantity E /E is dimensionless. For frequencies of 500 Hz and above,

the value of a is equal to 0,2 and the value of 4 is equal to 2 E1ypq/E\. A is dimensionless. Below 500 Hz,
the values of @ and A are related to the value of G. The relationship of a to G is specified in Table 3. The
relationship of A to G is specified in Table 4. In these tables, G has been converted to decibel units.
Interpolation is used to determine values at frequencies between those shown in the table.
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7.5.5 Calculation of specific loudness from excitation when Ey/E( > E/E|,

When the excitation evoked by the signal of interest at a specific centre frequency is less than the value
of Epyrq/E for that frequency, the specific loudness is calculated as shown in Formula (8):

2E I N
N=C| ————— (G—+AJ —A” (8)
(E+ETHRQ) E,

7.5.6 Calculation of specific loudness from excitation when E/E, > 1010

When the exeitationratie auvalad by tha cigpnal afintaract o o concifis capnten fraainneyic graqtar than
Xereatohratio-everke By tre-SIghar o Hitere Statta-Specic-eentreregueneyIsgreater

1010, the spdcific loudness is calculated by Formula (9):

0,2
E )
N =c[ fLEo 9)
1,0707

Note that thlis corresponds to sound pressure levels greater than 100 dB, and there are few data on
loudness perception for such high levels. The procedure has not been validatedfor’such high levels.

Table 3 +— Value of the parameter «a as a function of the parameter; G;'converted to decibdls

101gG a
dB
-25,0 0,266,92
-20,0 05250 16
-15,0 0,236 79
-10,0 0,222 28
-5,0 0,210 55
0,0 0,200 00
Table 4|— Value of the parameter.A\as a function of the parameter G, with G expressed ip
decibels
101g/c A 101gG A
dB dB
=25, 8,792 3 -12,0 6,100 2
-24,] 8,658 4 -11,5 6,016 9
-24, 8,524 5 -11,0 59336
-23,] 8,390 6 -10,5 5,850 4
=23, 8,256 7 -10,0 5,767 1
-22,5 8,132 4 -9,5 5,699 8
-22,0 8,009 5 -9,0 56328
-21,5 7,886 6 -8,5 5,570 5
-21,0 7,763 7 -8,0 5,508 2
-20,5 7,640 8 -7,5 54459
-20,0 7,517 9 -7,0 5,3837
-19,5 7,426 8 -6,5 53214
-19,0 7,336 6 -6,0 52591
-18,5 7,246 8 =55 5,196 9
-18,0 7,156 2 -5,0 51346
-17,5 7,066 1 -4,5 5,080 6
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Table 4 (continued)
101gG A 101gG A
dB dB

-17,0 6,9759 -4,0 5,028 7
-16,5 6,885 7 -3,5 4976 8
-16,0 6,798 4 -3,0 49249
-15,5 6,715 3 -2,5 4,873 0
-15,0 6,632 2 -2,0 4,8211
=145 6,542 0 =15 4,769 2
-14,0 6,451 8 -1,0 4717 3
-13,5 6,361 6 -0,5 41665 4
-13,0 6,271 4 0,0 4613 5
-12,5 6,183 4
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wher

e a,is a constant that is related to T, according to Formula (13):

o.=1-exp(-Ty /T;)

The values of a, and a, are 0,045 and 0,033, respectively.

(13)

7.7 Smoothing of short-term specific loudness and application of binaural inhibition

When a sound is presented to both ears, the loudness is less than that predicted from summing
the loudness values from the two ears[3l[4]. When the sound is identical at the two ears (diotic
presentation), the loudness is close to 1,5 times that evoked by the sound at each ear alonel3l. This effect
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is implemented using the concept of inhibitory interactions between the two ears. The application of

this concept

a)

involves two stages:

tuning of the binaural inhibition;

b)
relative

values of the smoothed short-term specific loudness at the two ears.

smoothing of the short-term specific loudness pattern across frequency, to implement the broad

reduction of short-term specific loudness in each ear at each centre frequency depending on the

Both processing operations, smoothing and application of binaural inhibition, are implemented exactly
as described in ISO 532-2:2017[9] 8.1.

Let N'; (i) and N'g(i) be the specific loudness values evoked at the left and right ears, respectiyg
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at the right

broadly tung
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bd.
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To implement the broad tuning of the inhibition, the specific loudness pattern at each ear is initially
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equation reg
ratios of the
less than 1,7

Similarly for
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The values d

Let INH, (D)
reduced afte
the specific
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INH, (i)

moothed by a process resembling convolution with a Gaussian-shaped weighting fun

bd result at i Cam for the left ear is calculated as shown in Formaila (14):

hoothed — Z )2 i|

the deviation from the given i and B is a parameter determining the degree of spre
png the ERB -number scale. The value of B is 0,88."D; is changed in steps of 0,25 Cam
ults in an increase in overall magnitude after.smoothing, but this is irrelevant becausg
smoothed specific loudness patterns for theé‘two ears are used subsequently. When i
5 Cam or greater than 39 Cam, N|is setto 0.

D;=min[18,(39-)]
D;=max[-18,(i-1,75)]

', (i=D; )exp| ~(BD

the right ear, the smoothed specifi¢loudness at i Cam is given by Formula (15):

hoothed — 2

D;=min[18,(39-i)]

Dy=max(-18,(i-1,7551" R (1~ Di )eXp[_(BDi )2}

Henote the factor by which the specific loudness evoked by the signal at the left ¢
r inhibition produced by the signal at the right ear. Let INHg(i) denote the factor by v
oudness evoked by the signal at the right ear is reduced after inhibition produced b
left ear. The-inhibition is modelled by Formulae (16) and (17):

:2/|:1+{S€Ch(N’R (i)smoothed /N/L (i)smoothed )}0:|

etermined by Formulae.14 and 15 are determined for i = 1,75 to 39 at intervals of 0,25.

ction.

(14)

ad of
This
only
t+D; is

(15)

par is
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(16)

INHy (i)=

2/L1+{SeCh( ( )smoothed /N R( )smoothed )}H]

(17)

where sech represents the mathematical function hyperbolic secant, and 8 = 1,597 8. To prevent
problems associated with dividing by zero when N’ (1)smo0thed OF V'R (Dsmoothed T€ Z€ro, a small number
(10-13) is added to the values of N’} (1)smoothed @14 N'R()smootheq PTIOT to entering them in Formulae (16)

and (17).

The gain values calculated using Formulae (16) and (17) are applied to the original short-term specific
loudness values in each ear to give inhibited short-term specific loudness values. Specifically, the value
of N'; (i) is divided by INH| (i) and the value of N'g(i) is divided by INH(i).
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7.8 Calculation of short-term loudness

The short-term loudness for each ear at frame n, S',, is calculated by summing the inhibited short-
term specific loudness values for that ear over Cam values, i, from 1,75 to 39 in steps of 0,25 Cam and
dividing by 4 (to allow for the 0,25-Cam steps). The binaural short-term loudness at frame n is obtained
by summing the short-term loudness values at frame n across the two ears.

7.9 Calculation of long-term loudness

The long-term loudness for each ear is calculated from the short-term loudness for that ear, again using
a form of averaging resembling the operation of an AGC circuit. The long-term loudness for a given ear

at th¢ time corresponding to frame n is denoted S”,. If S, > §", ;, then Formula (18):

§'n=0aS s +(1-0q)S 14 (18)
wherje a, is a constant related to the attack time of the averager, T,;, accordingto-Formula [19):

da =1-exp(-Ty /Ty) (19)
IfS', g S",.1, then Formula (20):

Y n=0nS "y +(1=0)S" 1 (20)
wherfe a,, is a constant related to the release time of the averager, T, according to Formula|(21):

A =1-exp(-To /Ty) (21)

The values of a,; and a,; are 0,01 and 0,001 33, respectively.

The |
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s the two ears at that n.
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averaging the resulting intensity-like values over time, and then converting the average back to a lpudness level.
The overall loudness calculated in this way is highly correlated (correlation greater than 0,9) with subjective
evaluations of the loudness of the sounds used by Schlittenlacher et al.l13], which had a duration of 10 s and high
fluctuations in loudness over time, for example produced by hammer blows.

7.10 Relationship between loudness level and loudness

The procedure can be used to determine the relationship between loudness level in phons and loudness
in sones. This is done by using as input to the procedure a long-duration (at least 2 s) 1 000 Hz sinusoid
and specifying the conditions as binaural listening in a free field with frontal incidence. The input level
of the 1 000 Hz tone is then equal to its loudness level in phons and the maximum value of the long-
term loudness predicted by the procedure gives the corresponding calculated loudness, N, in sones.
The relationship between loudness level in phons and loudness in sones is specified in Table 5. The
sone values in Table 5 were obtained using a signal duration of 5 s including raised-cosine shaped rise/

© IS0 2023 - All rights reserved 15


https://standardsiso.com/api/?name=efa767cb4bace87e44a66a161949eee2

ISO 532-3:2023(E)

fall times of 100 ms and using the reference Matlab® implementation of the procedure described in
Annex A (TV2018.m). The use of other signal durations above 2 s and the use of other rise/fall times,
including no rise/fall time at all, may lead to slightly different outcomes, with a range of approximately
+0,5 %.

NOTE Values in sones in the following tables are presented to an approximately constant percentage
precision, not to a constant absolute precision. The values are therefore presented to three significant figures,
except for very low sone values or for random noises, for which the values are presented to one or two significant
figures.

Table 5 — Relationship between loudness level in phons and calculated loudness in sones, N

Loudness level Calculated loudness,
N
phon sone
0,00 0,001
2,20 0,002
4,00 0,004
5,00 0,006
7,50 0,014
10,00 0,025
15,00 0,066
20,00 0,138
25,00 0252
30,00 0,422
35,00 0,664
40,00 1,00
45,00 1,46
50,00 2,09
55,00 2,95
60,00 4,11
65,00 5,71
70,00 7,92
75,00 11,0
80,00 15,4
85,00 21,7
90,00 31,1
95,00 44,7
100,00 64.8
105,00 94,3
110,00 138
115,00 205
120,00 306

7.11 Calculation of the reference threshold of hearing

The reference threshold of hearing of a sound is taken to correspond to the level at which the procedure
gives a calculated loudness of 0,002 sone. This value corresponds to a loudness level of 2,2 phon. The
procedure can be used to calculate the reference threshold of hearing of a given sound by determining
the input level that leads to a calculated loudness level of 2,2 phon. Thus calculated, the reference
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thresholds of hearing for sinusoids are within 0,2 dB of those specified in ISO 389-7:2019[19] for all
frequencies from 0,05 kHz to 12,5 kHz.

8 Uncertainty of calculated loudness sounds

The use of the method described in this document will produce results with uncertainty comparable
to the uncertainty of perceived loudness assessed in a psychoacoustic experiment, assuming that the
loudness data are averaged for a sample of at least 10 otologically normal persons.

Since sufficient information needed to calculate uncertainty of the loudness calculation described in
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i) ifrequired, the short-term loudness as a function of time in sones;

j) ifrequired, the short-term loudness level as a function of time in phons.
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Software for the calculation of loudness according to the method

The

in this document

aoftware imp]pmpnfing the prnr‘pdnrn described here is available in two forms: as “C”

code and as
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is ref
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lb® code. The executable C code runs on a personal computer (PC) under a “DQS*
l a “command” prompt. The Matlab® software should run on a PC or Mac with Matlal

code is more computationally efficient and may be preferred when the input.wavefo
Juration or when there are many files to be processed. The Matlab® code is called TV
erred to as the reference implementation, and it is intended to be easy to understan|

x B of [SO 532-1 with four exceptions as described in the Annex. These)can be used to

versions of the software require a stereo “wav” file as input.he' Matlab® version con
b a stereo file with the same signal in both channels, i.e. it assumes diotic presentati
specified as input. The two channels are referred to.as<‘channel 1” and “channel 2’
res the sample rate to be 32 kHz and the resolution.to,be 16 bit. The Matlab® code a
brts the sample rate to 32 kHz if it is not already 32 kHz. For free-field frontal

be-field listening conditions, the signal may bespicked up by a single microphone at
sponding to the centre of the listener’s head;giving a single-channel wav file. In th
requires a two-channel (stereo) wav file tobe created, with the same signal in each cl

program starts by dividing the two-chahnel input wav file into two mono signal filg
for the C code and as 64-bit double*precision vectors for the Matlab® code). The p
5 each mono file with the filter selected to account for transmission through the oute
1f.32k, ff.32k, or midear.32Kk)..The level of the resulting files can be higher after fj
e, especially when the input'signal has strong components close to 3 kHz. This is n
using the Matlab® codef as the files are not represented in .wav format. However, fq

brompt, also
® installed.
rm file has a
P018.m. This
d, especially
b as those in
compare the

yerts a mono
pn if a mono
. The C code
utomatically
ncidence or
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jannel.

s (stored as
rogram then
" and middle
Itering than
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[es are represented in.wav format and it is recommended to have at least 8 dB of “head
hal input file to avoid.the signal amplitude after filtering exceeding the full-scale valu

room” in the
(overload).

her words, the largest peak in the input file should have a level 8 dB or more below the full-scale

level]If overload oceurs, i.e. the full-scale level is exceeded after filtering, the output text file containing
the results of thedoudness computations will give a message about “overflows” and “und¢rflows” and
will ndicate how-often they occurred. The files “mon_left_firwav” and “mono_right_firjwav”, which
reprgsent the signal after filtering to account for transmission through the outer and mifdle ear, are
saved by, the'C code and can be inspected using suitable software. Note that the wav files generated by
the Cjcode are over-written each time the program is re-run, so if it is desired to retain anly of the files
they should bere-named-

A second Matlab program called TV2018b.m is provided to allow faster computations. Its code for
computation of the excitation patterns is optimized for Matlab®[28] but is less easy to understand than
that for the reference version. The other parts of TV2018b.m are identical to those for the reference
method. The loudness levels calculated using TV2018b.m are within 0,05 phons of those for the
reference implementation.

This program code and software can be freely downloaded from the following URN:

https://standards.iso.org/iso/532/-3/ed-1/en/

The software is entirely informative and provided for the convenience of the user. Use of the provided
software is not required for conformance with this document. The software is not warranted to be
appropriate for any particular purpose. No warranties or guarantees are provided.
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This program is made available with permission of the authors (Brian R. Glasberg, Brian C. J. Moore,
and Josef Schlittenlacher, Department of Psychology, University of Cambridge, UK).
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(informative)

Test signals used for verification of this document

General

est signals described below are the same as those in [SO 532-1:2017, Annex B, withfou
he sample rate is 32 kHz;
he .wav files are two-channel (stereo) files;

br the synthetic signals 2-9, the duration is 5 s, including 100-ms raised-cosine sha
amps;

ignal 1 in ISO 532-1:2017, Annex B is omitted, since that signal-is not specified as a
vaveform.

vaveform files of the signals listed below are includedias part of the standard. They

test signal calculated from the maximum value oftthe long-term loudness given by t
Ib® implementation of the procedure describedih Annex A (TV2018.m).

Steady synthetic signals

ignal 2:

Hz tone presented binaurally in*free field with a sound pressure level of 80 dB.
ignal 3:

Hz tone presented bimaurally in free field with a sound pressure level of 60 dB.
ignal 4:

Hz tone presented binaurally in free field with a sound pressure level of 40 dB.

ignal 5:

" exceptions:

ped rise/fall

ime-domain

may be used

Fify a user’s implementation of the procedure. Table‘B.1 shows the loudness and loudnpess level for

he reference

A pinlk noise presented binaurally in free field with an overall sound pressure level of 60 d}

B.3

Time varying synthetic signals

Test signal 6:

A 250 Hz tone presented binaurally in free field with a time varying sound pressure level starting at
30 dB and increasing linearly to 80 dB.

Test signal 7:

A 1 kHz tone presented binaurally in free field with a time varying sound pressure level starting at
30 dB and increasing linearly to 80 dB.

Test signal 8:

©ISO
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A 4 kHz tone presented binaurally in free field with a time varying sound pressure level starting at
30 dB and increasing linearly to 80 dB.

Test signal 9:

A pink noise presented binaurally in free field with a time varying sound pressure level starting at
30 dB/third octave band and increasing linearly to 80 dB/third octave band.

Test signal 10:

A 1 kHz tone pulse presented binaurally in free field with a peak rms sound pressure level of 70 dB and
a duration of 10 ms.

Test signal 11:

A 1 kHz tong pulse presented binaurally in free field with a peak rms sound pressure level-of”70 dB and
a duration of 50 ms.

N

Test signal 1f2:

A 1 kHz tong pulse presented binaurally in free field with a peak rms sound pressure level of 70 dB and
a duration of 500 ms.

w

Test signal 13:

A combinatipn of two 1 kHz tone pulses presented binaurally in fieefield, the first pulse with a|peak
rms sound pressure level of 60 dB and a duration of 100 ms and the’second pulse with a peak rms qound
pressure level of 80 dB and a duration of 10 ms.

B.4 Technical time varying signals
Test signal 14:

Propeller-drjiven airplane noise measured mwith a single microphone. Free field presentation|with
frontal incidence is assumed.

Test signal 15:

Vehicle intefior noise measuredsat 40 km/h with a single microphone. Diffuse field presentation is
assumed.

Test signal 1l6:

Hairdryer njoise measured with a single microphone. Free field is assumed for the calculatipn of
loudness.

Test signal 1{7;

Machine gun firing 6 bursts of automatic fire, of differing lengths per burst. Free field presentation
with frontal incidence is assumed.

Test signal 18:

Hammering sound, banging a small picture-hanging type nail into a typical hollow wooden door. Free
field presentation with frontal incidence is assumed.

Test signal 19:
Rattling slow creak from a door opening. Free field presentation with frontal incidence is assumed.
Test signal 20:

Shaking coins sound. Free field presentation with frontal incidence is assumed.
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