1. Physical Foundations of Sound

Manual: Measurement of Sound Level

By Igor GreSovnik, June 2002.




1. Physical Foundations of Sound

1 Physical Foundations of Sound 2
1.1 Whatis Sound 2
1.1.1  One Dimensional Sound Waves 3
1.1.2  Arbitrary Waves, Spectral Analysis 7
1.1.3 Sound in Three Dimensions 9
1.2 Human Perception of Sound 13
2 Measuring of Noise 14
2.1 Introduction 14
2.2 General Definitions 15
2.2.1  Summary of Important Quantities 15
2.2.2  Frequency Weighting Characteristics 16
2.2.3  Time Weighting Characteristics 20
2.2.4 Band Pass Filters 22
3 TheMetre Sound Level Meter 24
3.1 The Structure of the Instrument 24
3.2 Testing and Measuring Accuracy 26
3.3 Calibration of the Instrument 27
4  Standards Error! Bookmark not defined.

1 PHYSICAL FOUNDATIONS OF SOUND

1.1 What is Sound

Sound in gas or fluid media is a wave motion oftipkes’ of the substance. In a non-
disturbed medium being in equilibrium, the pressamd temperature are uniform over the space,
different particles of the substance have the saaes density and they do not move with respect to
each other. When a certain part of such systemeshanically disturbed by enforcing a local
deviation in pressure or by accelerating instardasky certain particles of the substance, a
disturbance is created which propagates througlsplaee by the speed of the soundvhich is
characteristic for the given media at a given st#fben such disturbance would reach a certain
point in the space, parts of the substance at ploatt would oscillate in the direction of

! When describing sound, the particles that we clEmsire not single molecules of the liquid or dag, rather small
volumetric particles of substance which containugfomolecules that thermodynamic equilibrium cardéfned, but
are small as compared with the wave length. Moverogparticles in sound waves is coherent and ledlsimg to do
with stochastic thermal movement of single molesule




1. Physical Foundations of Sound

propagation. Consequently, the density and heneepthssure of the media will also oscillate
around their equilibrium values. A variety of comdiions of such disturbances, which reach our
ears, are able to induce the sensation that weiperas sound.

Sound waves in gas or fluid media (e.g. in the ai€) described by the following space and
time dependent quantities: the displacement any particle of the substance from its equilibr
position, pressurgp+d and mass densityp+do, where & and Jdp are deviations from the
equilibrium valuesp and p of the pressure and mass densdy.is commonly called the sound
pressure. Displacements in gas or fluid media &ys parallel to the travelling direction of
waves, i.e. sound is the longitudinal waves

1.1.1 One Dimensional Sound Waves

Some features of the sound can be convenientlyamqu on the one dimensional model
where wave propagation is restricted to a singtection. The sound field which can be well
described in one dimension can be generated e.g.lamg narrow tube or by a very large flat
membrane whose dimensions are large compared wabhelength and which oscillates uniformly
over its dimensions.

1.1.1.1 Derivation of Sound Properties on Excitation of a @s Column

Let us observe excitation of gas in a gas columa piston, which we push by the for€e
in such a way that it begins to move by the veloei{Figure 1.1). This forces gas particles at the
piston to move at the same velooitgnd therefore push and compress the particldginicinity.
In this way a disturbance is created in which tas ig compressed with respect to initial state. The
disturbance propagates in the direction of pistavement by the velocitg greater thaw (i.e. its
volume s increased) since otherwise the gas neapitton would be compressed infinitely. After
the timedt the total mass of the disturbed volumegdsScdt. Therefore, by the momentum law,

Fdt= (,0 Scdt)v. We define the compressibility of gas as
x =-dV/(V dp)= Svdt/(Scdt(F /S)) = vS/(cF).

By combining the last two equations we obtain goression for the speed of propagation of
the disturbance, which is essentially Hueind speetbr the particular gas:

c=— L. (1.1)

N

The compressed particles are heated a bit, bug thero observable heat exchange between
different particles in the disturbance. The adimbabmpressibility Y must therefore be used in
the above equation. It can be expressed in terntiseofsothermal compressibility, which for ideal
gases equals tg; =1/p, in the form xs = x; G, /c, =X; /k =1/(« p). « is the ratio between the
specific heat capacity at a constant pressurelandgecific heat capacity at a constant volume and

! Due to the fact that pure shear strain does ruice any stress in fluid or gas media, transvessales can not
propagate in such media. We can have transversegsaa solids.
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is always greater than k & 14 for the air). The expression for the sound speadtherefore be
written as

c=_|—. (1.2)

The sound speed in the air at normal conditiors=840ny's.

t=0

—_— range after
time dt

Disturbance i

cdt ‘

Figure 1.1:travelling of longitudinal disturbance in a colummhgas.

After the timedt the particles that are less distant from the pistanc dt move with the
velocity v. More distant particles are still since the disturce has not reached them yet. The piston
performs work, which is reflected in the increa$¢he total energy of the disturbed volume of gas.

The work isdA= Fvdt = p Scdtv®. By dividing this by the volume of the disturbearpwe obtain
thedensity of the additional total energythe disturbance:

w= pV°. (1.3)

A half of this is kinetic energy due to movementtioé gas particles while the other half
represents the internal energy.

We can express compressibility from equation :(}& —-dV/V dp:]/(,ocz). On the other
hand, dV/V =du/dx, wheredu is the displacement of the piston after the tuhe@nddx is the

length of the disturbed part after this time. We ¢coow express theressure deviationn the
disturbance ds

¥ =-pc?(ou/ox) . (1.4)

! partial derivative must be taken since the pressuthe gas column, as well as other quantitiepedd both ohand
x. The partial derivative with respectxtaneans differentiation with respectxavhilet is kept constant.
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The additional internal energy of the disturbangeats the work needed to compress the
gas from the initial to the disturbed state. If ei@ that, the force would linearly increase frono0
SJdp on the distanceu and the work would b& Sdpdu. To obtain thedensity of the additional

internal energywe divide this by the volume of the disturbarn8éx and obtain
w =4 pc?(du/ax)”. (1.5)

Kinetic energy of an observed particle equﬁbimv2 wheredm s the mass of the particle,
therefore thelensity of the kinetic energ@y the disturbance is

w, =1 pc?(du/at)? . (1.6)

1.1.1.2 Sinusoidal Waves

Alternatively the piston in the described arrangetmean oscillate sinusoidally as
u(x =0) =u, codwt) (Figure 1.2). Particles at the piston are forzedscillate in the same way as

the piston does. This creates a disturbance whicpagates away from the piston with the sound
speedc and can be observed as a sinusoidal sound wastel&aat some positionoscillate in the
same way as particles near the piston at the eértie t- x/c, when the corresponding part of the

wave currently appearing &twas created. Theisplacemenat a given time and place is therefore
expressed as

u = u, cos(wt — kx),. (1.7)
where
k=w/c. (1.8)

Up is theamplitudeand « is theangular velocityof the oscillation The argument of the
cosine in (1.0,at—-kx, is referred to as thphaseof the wave at a given time and space.

Alternatively to « the frequency can be stated,
fztoo (1.9)

t, 2m
wherety is the period of the oscillation. Another impottgaantity is the spatial period of the wave

or wavelengthA , defined also as the distance between two neigifgppoints having maximum
displacementi, at some given time. FrorkA =27 following from the definition of4, (1.0 and

(1.0 we have

A=c/f . (1.10)




1. Physical Foundations of Sound

# F(t)

u (X,%)

P (X,%0)

W (X1t0)

Figure 1.2: Sinusoidal excitation of a gas column. Spatialatibn is shown at the
time when the piston displacement is zero. Dended&perse regions in the gas
column are shown on the left while the correspohdearse of the displacement,
pressure and energy density are shown on thehagid side.

Similar conclusions are valid for a sinusoidal was those derived above for uniform
movement of the pistdrand equations (1.0 to (1.0 are valid. Everage energy density of the

wave is obtained by averaging (1.0. Sins#’ =+ over an infinite interval and by taking into

account the time derivative of (1.0, which gitles velocity of gas particles, we have
w=1palu,. (1.11)

The additional energy travels together with the evdm timet the wave travels the distance
ct, therefore in this time the energy flux througfien cross section is

P=W/t=Vw/t=Scw=S]j.

! We can think of applying the above model in whilsé piston would start to move uniformly to sonmadj to a very
small particle of gas in which displacements chdirggarly with the position.
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] is theenergy flux densityalso referred to as tls®und intensityFrom the above equation we have
j =cw and by taking into account (1.0 and then (e obtain the following equation for the
sound intensity

o) (1.12)

. 1
=1pcafu, ==
210 0 2

1.1.2 Arbitrary Waves, Spectral Analysis

Sound waves can have arbitrary form, not just siltas. We can for example combine
several sinusoidal waves with different frequen@esl amplitudes. The result is a sound wave
whose displacement at a given time is a sum oflis@acements of individual waves

On the other hand, an arbitrary sound wave careberdposed into a number of sinusoidal
components This is done by the Fourier transfdfmwhich is a linear integral transform. The
Fourier transform of the time dependent displacemesults in the distribution of the amplitudes of
sinusoidal waves, which constitute the wave, infteguency space. By squaring the absolute of the
Fourier transform and multiplying it by the apprape scaling factor, thepectrum of the wave
dj/dw (or d j/d f when scaled by the factor of ) is obtained. Itvehohe portion of the energy

flux density that falls on a small frequency intraround the given frequency.
If the wave is composed of a finite number of sodal waves, it is said to havedecrete
spectrum In this cased j/d f is infinite at the frequencies of which the wasecomposed and

zero elsewhere. In this case we dijain the spectrum rather thash j/dv, wherej; is the sound

intensity of thei-th sinusoidal component that constitutes the wave displacement of such a
wave is a sum of a number of cosine and sine fonstiwhose frequencies and squares of
amplitudes can be read from the spectrum.

The wave is said to have a continuous spectrum whiery frequency in a given interval is
represented in its spectrum. Rather than by a dunfinite number of sine and cosine terms, such a
wave can be represented as an integral over thelaanfyequency range of weighted sine and
cosine terms, whose argument is the angular frequg@m. the parameter of integration) multiplied
by the time. This in fact defines tleverse Fourier transformThe weighting function in front of
the sine and cosine terms is the Fourier transfufrthe wave.

1 If frequencies of the combined waves are in ratioatios, such a wave is periodic with the pethmt is the smallest
integer multiple of all individual periods.
2 For some waves, the number of sinusoidal comperigmot finite.
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Figure 1.3: Time diagramsu(t) (left) and corresponding spectrumjs(() or dj/df )

for various soundsa) a single frequency tonb) a combination of harmonic sinusoidal
waves (frequencies are multiples of the lowestUesgy),c) a combination of arbitrary
sinusoidal waved) noise with continuous spectrum.

Figure 1.3 shows some special cases of sound waites their spectrums. Just for
information, we state here the form of the Founiansform and its inverse. The Fourier transform
of the displacement functiax(t) is

0 (w) = J'_o; u(t)e ' “dt, (1.13)

while the inverse transform af{w) is
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ult) =%T [(a(@e*dw . (1.14)

(1.1)The Fourier transforrﬁ(a)) of the waveu(t) can be interpreted as a kind of amplitude fumctio
of the sinusoidal waves that constitutét). This becomes more obvious if we take into accatluat
the integral can be approximated by a sum and ¢fat cos(x)+isin(x). i is the imaginary unit

i=v-1.

1.1.3 Sound in Three Dimensions

Sound waves can travel in various directions insice and in general the particular sound
field is a combination of waves of different shapesselling at different directions. Let us first
consider a simple case when a sound source emitsasdal waves of constant amplitude that are
uniformly distributed and have the same phaselidigdctions. Sound waves travel with the sound
speed radially from the source. If we put the origintbé coordinate system in to the centre of the
source, then the displacement of the generatedlifedxpressed as

u(r,t):guo(r)cos(a)t—kr). (1.15)

r is the position vector, its size andiy(r) the amplitude of the displacement. Since thecamits
the waves evenly in all directions, the size of displacement at a given tintes the same for all
points with the same distancdrom the origin. The direction of the displacement/r because
sound waves are longitudinal waves in which thepldiement is parallel to the direction of
propagation.

The sound source performs work with some averageepB. By the energy preservation
law, the energy flux that exits the sphere at radigentred around the coordinate origin must be
equal toP. Then, by taking into account (1.1), we have

P=j(r)S=1pca?(uyr))} 4mr? .

We can write the same equation for some other splegy. at radius. Division of both equations
yields theinverse square lavior the sound intensity of the point-like soundise:

10=16)(") 116)

Amplitude of the vaves falls proportionally to theserse of the distance from the centre of the
source:
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r
Uy (r) = g (1) > (1.17)
The sound field around the source is then

u(r,t):guo(ro)%cos(a)t—kr). (1.18)

The inverse square law can be applied even if thumd source does not emit the sound
uniformly in all directions. However, the distanitem the source must be large compared to the
size of the source. Close to a large flat soureeataive fronts are more parallel and the surface are
through which a certain package of waves travets st increase by the square of the distance.

Because the sound are waves, we can observe tlwvif@d phenomena which are
characteristic for waves in general ():

Reflection and transmission with diffractiowhen travelling sound waves hit an obstacle
composed of a different substance, a portion ofwthees is reflected back into the first medium.
The angles of incidence of the coming and reflegtades are the same. The rest of the waves are
transmitted into the second substance. The angiecafence of the transmitted waves changes in
accordance with the ratio of the sound speedstim inedia (this is called diffraction).

Bending: When sound waves hit an obstacle of a finite dilze,waves are bent into the
geometric shadow of the obstacle. When for exarplalie waves hit a hole in a wall obstacles, the
part of the waves which gets through the hole omeis to propagate also in the directions different
from the direction of incidence of the original vesv This phenomenon takes place any time the
amplitude of the waves is considerably changetiatistance of the wave length. Obstacles much
smaller than the wave length do not disturb theesav

Superposition and interferenc8ound waves coming from different sources arerpased.
The displacement, pressure or density of the pestia the overall sound field oscillates as the su
of these quantities obtained when only individualirses are present. The consequence of this is
interference, which appears when two or more seuafethe single tone sound of the same
frequency are placed side by side, distant fomavi@velengths. In certain directions far away from
the sources we can observe waves of higher inyengfiile in the directions between them the
wave intensity is weakened. The directions of tighdr intensity are formed by points at which
phase differences of the waves coming from diffesmurces are close multiples of72 since in
these points amplitude of the superposed oscillataye added together.

Standing wavesThe standing wave is obtained by superpositionwvofwaves coming from
the opposite directions, but having the same fragquend amplitude. In the sound field produced
in this way, there are regions in which the soumtdrisity is high, while in the others it is low and
falls to zero in the so called knots. The distabetween neighbouring knots is a half of the
wavelength. All particles between two neighbourkrmpts oscillate in phase, but with amplitude
that varies as the sine function. In each knot dbkeillating quantities change the sign. The
phenomena of standing waves is exploited in mustruments for generation of sounds (tones in
the musical terminology) that consist only of thasiec and the higher harmonic sinusoidal
components, e.g. by pipes or strings.
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Throbbing:If two sinusoidal waves with slightly differenefjuencies are superimposed at a
given point, the intensity of the superposed waseillates by the frequency that equals the
difference of both frequencies. This phenomenonbmEaexploited for tuning of a single frequency
source with a reference source.

’ /Transmmed an
Denser mediul /“ refracted wav
|

c) d)

Figure 1.4:schematic demonstration of some properties o$tlimd wavesa)
bending into geometric shadow of an obstdt)dgending after passage through a
narrow holec) reflection and transmission on a border betwearcecand dense
substance, and) interference of waves with equal wavelength emittg two distinct
sources.
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The above mentioned phenomena have important gahataplications for measurement of
noise. Because of bending, reflection and transamsg is not easy to eliminate from the space the
sounds which we do not want to measure. Measurenoéisound emission of devices are therefore
performed in special chambers that are carefullyndoisolated. In such a chamber we must
eliminate obstacles that could reflect the sound ianthis way affect the results. Because of the
interference, the sound intensity can vary a loérogpace. In order to perform meaningful
measurements of sound emission, it is sometimesmmigh to measure the intensity in a particular
point, but one might want to integrate the intgnsiver the particular area of interest. Similarly,
integration of longer time intervals might be ragdi

1.1.3.1 Mathematical Formalism

This section introduces a more rigorous derivabbithe equations that govern the sound
waves in gas It is informative and is not vital for understamgl of other parts of this manual.

As it was mentioned before, the sound is constituteoscillation of gas particles. Small
volumes of gas move with respect to each othercaadge the volume (and therefore the pressure
and density) in the course of this movement. We mvdke a few assumptions, which in general
hold very precisely for the sound fields of praatimterest. We will neglect the heat conduction
between gas particles and the viscosity of the Bass. is admissible since the absorbtion of sound
in gases is hardly detectable in the range of hgdrequencies. We also assume that displacements
are normally small with respect to the wavelengths

The first equation we use is the basic equatiomation and is the third Newton's law in the
differential form:

0°u

Yo,

The preservation of mass requires that the chahgess in a given volume equals the mass that is
brought into this volume from its environment. 8thin a differential form, this gives the equation

pdlu=-0p. (1.20)
We now have two equations for three unknowns, thezeone more is needed. Beside the basic

physical laws we also take into account the behaved the particular gas, which can be described
by the following state equation:

0
7p =Xs0P (1.21)

! There are some physical inconsistencies in thevaten of the section 1.1.1.1, e.g. the piston cat accelerate
instntaneously from zero to some finite velocityesiles, the equations derived in this section arer@l and govern
the behaviour of any sond field in the space.

2 The above assumptions can not be adopted undemextconditions, e.g. when the pressure field iplasions is
treated.
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We can now eliminata and o p from the three equations above. In this way thieong
wave equatiorfior 0 p is obtained:

_10%p 1

c® ot*’ Jxsp

Any sound field in gas satisfies the equatiorD (and is in addition determined by the
boundary and initial conditions. It can be verifigtat for example that the sound fields (1.0 and
(1.0 satisfies (1.0. From this it can be codellithatc in the equation is the sound speed. (1.0is a
linear homogeneous partial differential equatiorlin@ar combination of two solutions is therefore
another solution of the equation. The consequemndiel principle of superposition, which implies
that multiple sound waves are combined in suchathat displacements or pressures of individual
waves are added together.

Dza_p (1.22)

1.2 Human Perception of Sound

The frequency range of the sound which humans ean (audible sound) is around 16 Hz
to 20 kHz. For the air at normal conditions, where sound speed is 340 m/s, this corresponds to
wavelengths between approximately 21 m and 17 mime $ensitivity of hearing varies
significantly with frequency and is the best in taage of 2 and 3 kHz.

The smallest sound intensity which humans can pere the frequency of 1 kHz is

jo =1072W/m?. (1.23)

This corresponds to the displacement amplitudeppfaimatelyu, = 1.1[10™*m and to the sound
pressure amplitude c(ﬁp)o =28010°N/m? (equation 1.1). The sound intensity which cays®s
is about 1 W/My which at the frequency of 1 kHz corresponds up= 1.110"m and
(dp), = 2800° N/n?? .

The sensation of the sound is proportional to tuafithm of the sound intenstywhich
enables good navigation through a bunch of signétls significantly different intensities. It is
therefore sensible to introduce a logarithmic meas# loudness. We introduce the unit of decibel
(dB) and define theound pressure levej,Imeasured in dB as

Lp [dB]=10log,, - = 20l0g,, > . (1.24)
j

0 0

! This is known as the Weber-Hefner law and applles to other senses.
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jo is the reference sound intensity of*4@v/m?, which is (statistically) the smallest intensityla
kHz which human with normally developed sense @irimg can perceivgy is the correspondent
reference sound pressure 20uPa .

Humans can distinguish frequencies of the souncewaery well This is the foundation of
experiencing the music. We can even feel the diffee in sound fields of the same basic (i.e. the
lowest) frequency and loudness, but which haveeddfit composition with respect to higher
harmonic components. We sense this as differenlitguat tones. Composition with respect to
higher harmonic waves is (beside the time dependehdntensity) the basic characteristics by
which different music instruments are distinguishaad also the basic characteristics of different
vowels in human speech.

The greatest motivation for measuring the soundanous environments is the fact that
noise of different kinds appears disturbing and@amn damage the sense of hearing if the intensity
or time of exposure is high. Noise can disturb emtiation, obstruct audible communication and
prevent perception of other important sound sigialgiorking environment. Various quantities
were defined in an attempt to quantify undesiraflects of noise on people. These try to take into
account the frequency response of human hearingnerghe fact that bad effects of the noise
depends on the intensity as well as the duratibe, fact that sounds concentrated in narrow
frequency intervals are more disturbing than sowmitts more uniform spectrum, and the fact that
short high level sounds are more harmful than lomglevel sounds whose total energy is the same.

Characteristics of human sense of hearing are pta a number of standal&! which
define requirements for the equipment aimed fos@aneasurements and define the way in which
noise level measurements should be performed andh®results should be quantiffed

2 MEASURING OF NOISE

2.1 Introduction

The task of noise measurement is to quantify theusrnof noise in a reproducible manner
and in such a way that the quantities measuredatefhe effect of the measured noise on humans as
much as possible. A number of international stash&l@f3] - [7]) define the quantities which the
measuring equipment must be able to measure, gjoged response of the measuring equipment to
various prescribed sound fields with correspondoigrances, and tests for testing the compliance
of the equipment with the standards. These stasdam@ published by the International
Electrotechnical Commission (IEC).

The IEC standards define four types of instrumeithh wespect to the prescribed tolerances:
type O (the most accurate), type 1, type 2 and ®pestrument. Standards [3] and [4] define
general requirements for sound level meters relatéithe and frequency weighting characteristics.
Standard [6] defines the requirements for integgagound level meters. While the conventional

! One must be aware that the sensation of soundbjective and varies from individual to individudlhe rules for
quantification of noise can therefore defined omsi®af statistical investigations, but will not edgt match the
response of a particular person.
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sound level meters have a limited number of fixed aelatively short duration averaging
characteristics averaging periods for the integrating sound leweters are much longer and can
extend to many minutes or even hours. The stand4rdefines the requirements for octave-band
and third-octave band filters, which are converdlynused for rough spectral analysis of the
measured noise.

2.2 General Definitions

2.2.1  Summary of Important Quantities

Beside the sound pressure lelkglseveral other quantities are defined in orderuandfy
the effect of noise on humans. Tweighted sound pressure levélg Lg andLc are the pressure
levels obtained by applying frequency weightingefis before calculating the pressure level. For
example, thé  is calculated according to the formula

L,(t)= 20IoglopA—(t) , (2.25)

0

wherepy is the reference pressure2®Pa andp, is the pressure obtained after application of the

A — frequency weighting to the sound pressure

Since in general the level of noise changes owee,tseveral integral quantities are defined
to quantify the noise level in a comparable andblstananner. Thequivalent continuous sound
pressure level d4in decibels is defined as

Leg =10|oglo(ti j:lllo““(t)dt) (2.26)
0

wheret, =t, —t, is the time of measurement. It represents an\heage of the total sound energy

over the time intervab, expressed as a level in decibels.
Thesingle-shot sound exposure levgk in decibels is defined as

_ 1 2, 0110 _
LAE—lolog(T—o [ 10Vt |, T, =1s. (2.27)

Y In order to indicate the measured sound leveluthsa way that it can be followed, averaging muestirievitably
introduced, since in general the fluctuations inrgbpressure level may be too quick for humansitov.

15
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This quantity is aimed at measuring noise of sHaration generated only once or intermittently. It
equals the sound level of a continuous steady sodnude energy released in one second equals the
total energy released in the measured short daratee.

The percentile sound pressure level is a statistical quantity. If the period in whitne
noise level exceeds a certain level equétsof the measuring period, then that sound levealed
X percentile sound pressure levelQr

2.2.2 Frequency Weighting Characteristics

The IEC standards defines the three frequency wagtcharacteristics for sound level
meters: A, B, C. Additionally the unweighted (Linflat) characteristics may be provided in which
the response is independent of the frequency. Tdighted output amplitude of a sinusoidal wave
at a particular frequency is equal to the input Eombe multiplied by the corresponding frequency
responsdR. Frequency weighting is applied to the amplifiedput signal of the microphone.

A-weighting (Figure 2.1) simulates the frequenegponse of the human hearing, where
sensitivity decreases significantly at lower anghler audible frequencies. The relative frequency
response for A-weighting is

RJ(f)=
(1220tHz)’ 4 . (2.28)
(£2+(208H2) (£ 2 + (12200H2 )\ 2 + (107.7HZ) | 2 + (737.9H2)°

The relative frequency response for B-weightingyiré 2.2) is

_ (1220tHz)* £ °
f)= 2.29
(1) (f2+(20.6Hz)2)(f2+(12200—|z)2)\/ f 2 +(1585Hz) (2:29)

The C-weighting gives a relatively flat frequen@gponse (Figure 1.1) and is used for AC
outputs of the sound level meter or for measuresnehimpulsive sounds.

_ (1220(Hz)* £ 2 ‘
Re(f) (£2 +(206Hz)° )( 2 +(1220CHz)?) (2:30)

The corresponding expressions for the A-, B- anav€ighting relative frequency response
levels, relative to the response at 1 kHz, arergiwe

A(f)=20log,,(R,(f)/ R, (1kHz))
B(f)=20log,,(R,(f)/R,(1kHz)) . (2.31)
C(f)=20log,(R.(f )/ R.(1kH2))
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L ’//”’ ™N
: /’/ \\\\\
-107

B frequency wei ghti ng

10 50 100 500 5000 10000
Frequency

Figure 2.2The B weighted frequency response.
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Figure 2.3The C weighted frequency response.

Figure 2.4 shows the comparison of the A-, B- @adrequency response. These responses
can be realised by cascades of analogue first doder and high-pass filters, as it is shown in
Figure 2.5.
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Figure 2.4Comparison of A, B and C weighting characteristiith frequency
plotted ina) logarithmic and) linear scale.
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Figure 2.5Realisation of A-, B- and C- frequency weightingaits by chains of
low- and high- pass first order circuits.

The required frequency response for weightings Aargl C, as specified by the IEC
standard [3], is tabulated in Table 2.1. The apoading tolerances for instruments of type 0,d an
2 are listed in Table 2.2. The type 0 instrumemes normally used for calibration purposes, while
for measurement standards usually the use of tygeybe 2 instruments is recommended.

Table 2.1:A, B and C weighted frequency response in deciélspecified by the
standard [3]n is a frequency measure, namely the actual (ek&cfyiency is obtained

for a givenn as f(n) =1KHz[10°". Nominal frequency are specified in the table,alhi
are rounded actual frequencies.

n nom f A w. B wt. C wei ghting
-20 10 -70.4 -38.2 -14.3
-19 12.5 -63.4 -33.2 -11.2
-18 16 -56.7 -28.5 -8.5
-17 20 -50.5 -24.2 -6.2
-16 25 -44.7 -20.4 -4.4
-15 31.5 -39.4 -17.1 -3.0
-14 40 -34.6 -14.2 -2.0
-13 50 -30.2 -11.6 -1.3
-12 63 -26.2 -9.3 -0.8
-11 80 -22.5 -7.4 -0.5
-10 100 -19.1 -5.6 -0.3
-9 125 -16.1 -4.2 -0.2
-8 160 -13.4 -3.0 -0.1
-7 200 -10.9 -2.0 -0.0
-6 250 -8.6 -1.3 -0.0
-5 315 -6.6 -0.8 -0.0
-4 400 -4.8 -0.5 -0.0
-3 500 -3.2 -0.3 -0.0
-2 630 -1.9 -0.1 -0.0
-1 800 -0.8 -0 -0.0
0 1000 0 0 0

1 1250 0.6 -0 -0.0
2 1600 1.0 -0 -0.1
3 2000 1.2 -0.1 -0.2
4 2500 1.3 -0.2 -0.3
5 3150 1.2 -0.4 -0.5
6 4000 1.0 -0.7 -0.8
7 5000 0.5 -1.2 -1.3
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2. Measuring of Noise

8 6300 -0.1 -1.9 -2.0
9 8000 -1.1 -2.9 -3.0
10 10000 -2.5 -4.3 -4.4
11 12500 -4.2 -6.1 -6.2
12 16000 -6.6 -8.4 -8.5
13 20000 -9.3 -11.1  -11.2

Table 2.2: Admitted tolerances for weighted frequency resedior sound level
meters of type 0, 1 and 2, in decibels, as spelcifie[3].

n nom f 0- 0+ 1- 1+ 2- 2+
-20 10 -1le30 2 -1e30 3 -1e30 5
-19 12.5 -1le30 2 -1e30 3 -1e30 5
-18 16 -1le30 2 -1e30 3 -1e30 5
-17 20 -2 2 -3 3 -3 3
-16 25 -1.5 1.5 -2 2 -3 3
-15 31.5 -1 1 -1.5 1.5 -3 3
-14 40 -1 1 -1.5 1.5 -2 2
-13 50 -1 1 -1.5 1.5 -2 2
-12 63 -1 1 -1.5 1.5 -2 2
-11 80 -1 1 -1.5 1.5 -2 2
-10 100 -0.7 0.7 -1 1 -1.5 1.5
-9 125 -0.7 0.7 -1 1 -1.5 1.5
-8 160 -0.7 0.7 -1 1 -1.5 1.5
-7 200 -0.7 0.7 -1 1 -1.5 1.5
-6 200 -0.7 0.7 -1 1 -1.5 1.5
-5 315 -0.7 0.7 -1 1 -1.5 1.5
-4 400 -0.7 0.7 -1 1 -1.5 1.5
-3 500 -0.7 0.7 -1 1 -1.5 1.5
-2 630 -0.7 0.7 -1 1 -1.5 1.5
-1 800 -0.7 0.7 -1 1 -1.5 1.5
0 1000 -0.7 0.7 -1 1 -1.5 1.5
1 1250 -0.7 0.7 -1 1 -1.5 1.5
2 1600 -0.7 0.7 -1 1 -2 2
3 2000 -0.7 0.7 -1 1 -2 2
4 2500 -0.7 0.7 -1 1 -2.5 2.5
5 3150 -0.7 0.7 -1 1 -2.5 2.5
6 4000 -0.7 0.7 -1 1 -3 3
7 5000 -1 1 -1.5 1.5 -3.5 3.5
8 6300 -1.5 1 -2 1.5 -4.5 4.5
9 8000 -2 1 -3 1.5 -5 5
10 10000 -3 2 -4 2 -1e30 5
11 12500 -3 2 -6 3 -1e30 5
12 16000 -3 2 -1e30 3 -1e30 5
13 20000 -3 2 -1e30 3 -1e30 5

2.2.3 Time Weighting Characteristics

The frequency weighted signal is detected and atdatin accordance with one of the time
weighted characteristics designated S (slow), Bt)fand | (impulse), which define the dynamic
response of the indicator. The F response is girtalthe time response of the human ear, while the
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2. Measuring of Noise

S response serves for indication of the averageuamof sound variation. The | response is
provided because the S and F indicators can nodaity measure the intensity of impulsive sound.

The F and S detector-indicator characteristics abtained by combining the squaring
circuit, the exponential averaging circuit with thepropriate time constant, and the indicator
calibrated in decibels (Figure 2.6 a). The exptiak@averaging circuit can be realised by a first
order analogue low pass filter (Figure 2.7). Tingetconstant of the circuit specifies how quickly
the indication decays when a constant signal islenlg switched off. The indication decays with

the speed of

20log,,e™" a8 , (2.32)
S

wherer is a time constant. For a better idea, this cpords to the decay of level indication with
very short averaging time of a high frequency sigihéhe form

p(t)= pe" codwt). (2.33)

Time constants of the exponential averaging cirdoit F and S characteristics are
r- =125ms and 7 =1000ms, respectively.

Exponential averaging ot
ndicator

Squaring circuit ; )
circuit F: time constant 125 ms calibrated i

S: time constant 1000 ms decibels
a)
. . Peak detector; -
Squarin Exponential averaging decay time constant Indicator
quaring circuit 1500 ms calibrated i
circuit I: time constant 35 ms decibels

Figure 2.6:Block diagrams foa) F and S an®)) for | detector-indicator
characteristics.
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2. Measuring of Noise

Figure 2.7: Implementation of the exponential averaging cirbyithe analogue low
pass filter.

The time constant of the exponential averaging udirdor the | time weighting
characteristics ig, =35ms. In addition, a peak detector with decay ratedBfs (corresponding to

the time constant =1500ms) is introduced into the chain (Figure 2.6 b).

2.2.4 Band Pass Filters

In order to analyse the noise spectrum, band plsssfcan be attached to a measuring
instrument. Octave-band and one-third octave-bdtailsf are usually used in noise measurements.
The required properties for band-pass filters usextoustics are specified by the IEC standard [7].
The standard distinguishes, with respect to perbiesgower and upper limits on attenuation,
between three classes of filters: type 0, 1 and 2.

An octave-band filtettransmits the frequencies within an octave range eliminates the
frequencies out of this range. By other words, litn@ates the components of a signal whose
frequencies are more than ¥z of an octave lowerigiten than the filtemidband frequencyAn
octaveis a frequency ratio o6=2 between the higher and the lower frequency &iequency
interval. The IEC standdfdl permits base-two and base-ten options for deténginctave- or
fractional octave-band frequency ratio

— 3/10
G, =10 ~l'9953. (2.34)
G,=2

Octave- and fractional octave-band filters are ab@rised by thbandwidth designator 1/b
It designates the fraction of an octave band and rsciprocal of a positive integer (e.g. 1 for
octave-band and 1/3 for one-third octave-bandré§jteThe standard specifies the admissible
midband frequencies. Whdnis an odd number, the midband frequencies of digy fn a set are
determined from

f =GHf (2.35)

wherex is any integer anfi is thereference frequenayf 1000 Hz.
Thebandedge frequenciesdndf, of a bandpass filter are the lower and upper edfédse
passband of the filter such that the midband frequeas the geometric frequency &f andf,

(fm:\lflfz):

! The base-two system is adopted in this document.
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2. Measuring of Noise

f, =G
ey (2.36)

In practice it is not possible to design band-plssrs with zero-one permeability. The
standarfl! therefore prescribes the lower and upper boundb®nelative attenuation of band-pass
filters. These limits are listed in Table 2.3 &igure 2.8. Theelative attenuations defined as

AA(F/f,)=A(F/f)= A (2.37)

Aref is @ nominal filter attenuation in the passbangpecified by the manufacturer for determining
the relative attenuationA(f/fm) is the filter attenuation at theormalised frequency = f/f,,

which is the level of the time-mean-square inpghal minus the level of the time-mean-square of
the output signal, in decibels.

Table 2.3:Prescribed lower and upper bounds on octave-hiedresponse
(relative attenuatiod A in decibels) for filters of type 0, 1 and 2. Inddg a measure
of frequency, i.e.f. = f_2', where f_ is the midband frequency of the filter. Limits are

symmetric, which means that minimum and maximurpaases for negative indices
are the same as for their absolute values.

i 0 0+ 1 1+ 2 2+

0 0.15 0.15 -0.3 0.3 0.5 0.5
0.125 0.2 0.15 -0.4 0.3 0.6 0.5
0.25 0.4 0.15 -0.6 0.3 0.8 0.5
0. 375 1.1 0.15 -1.3 0.3 1.6 0.5
0.5 4.5 0.15 -5 0.3 5.5 0.5
0.5 4.5 -2.3 -5 2 5.5 -1.6
1 0 -18.0 - ® -17.5 00 -16.5
2 00 -42.5 - ® -42 00 -41
3 0 -62 - 0 -61 00 -55
4 o0 -75 - 00 -70 %] -60

Figure 2.8: Graphical illustration of bounds on admitted resgmof type 1 octave-
band filters.

The limits on relative attenuation of the fractibnatave band filters can be determined
from the limits prescribed for the octave-bandefit at the corresponding normalised frequency.
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3. The Metrel Sound Level Meter

The high-frequency fractional-octave-band normalisequencyQ,,,, which corresponds to the

relative attenuation limits for the same accura@gs of the octave-band filter at the normalised
frequencyQ = f /f_ >1, is calculated from

GY@) _q
Q) = 1+m(§z -1). (2.38)

For Q<1, its corresponding low-frequency fractional-octdoad normalised frequency is
calculated from

1
Qi)

QI(],/b) = (239)

Between the normalised frequenci@g and Q, for which the limits on relative attenuation

are specified in Table 2.3 for octave-band filtensbetween comparable frequencies for fractional-
octave-band filters, the upper or lower limit fefative attenuation is be calculated accordindnéo t
following linear interpolation formula:

AAK=AAa+(AAJ—AAd)(%], (2.40)

where A A, is the prescribed relative attenuation limit @t, A A, is the prescribed relative

attenuation limit atQ, and A A, is the searched relative attenuation limit at atermediate
normalised frequend@@, <Q, <Q, .

3 THE METREL SOUND LEVEL METER

3.1 The Structure of the I nstrument

The structure of the Metrel sound level meter isvah schematically in Figure 3.1. The
sound pressure field is captured by a condensamoptione, which converts the fluctuating sound
pressure to a continuous electrical signal. Thgealiis preamplified to a level suitable for funthe
processing and digitalised by an ADC. All furtheogessing is then performed on a digital signal
An input test signal can be attached before the ADC

! In this way potential problems arising from agewfganalogue components are avoided. Except forrticeophone
and preamplifier, the characteristics of the insieat is not subjected to change with time.
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3. The Metrel Sound Level Meter

The digital signal first passes an amplifier withriable amplification, which serves for
calibration. A set of frequency weighting filtersllbws. The user can switch between A, B and C
frequency weighting, or choose the Lin responsefi@gquency weighting).

The signal then passes a set of octave or one<btaVe- band filter. If one of the filtering
is switched on, the levels of the signal in octaveone-third octave intervals are shown by the
instrument.

The filtered signal is squared and treated by tlexaging circuit. Either the S, F or | time
weighting characteristics of the averaging ciroaib be chosen by the user. After the signal passes
the averaging circuit, its dynamics becomes mudteréint from the dynamics of the fluctuating
sound pressure. Instead of reflecting the soungspre variation, the signal level now reflects the
r.m.s. (root mean square) of the sound pressurghwh obtained by averaging the square of the
signal and applying the square root to the averagkde. When a non-steady sound whose intensity
changes with time is measured, the level of thaaigpllows the variation of the measured sound
intensity with a slight delay, dependent on theeticonstant of the averaging circuit

After averaging, the logarithm is applied to thgnsil in order to obtain the level in decibels.
This level is displayed on the LCD display as tleirsl pressure level. Beside displaying the
instantaneous value of the sound pressure levelintegrating unit can be applied in order to
calculate integral and statistical values over &rueriods (see the instruction manual).

The instrument consists of the processing / disptawnit and a sound probe with a
microphone. The sound probe can be attached directhe instrument for measurement by hand,
where one holds the instrument in his or her hardidirects it towards the source of noise to be
measured. Another option is to attach the prolteé@rocessing unit by a cable. The sound should
be placed on a stand, so that it can be preciselypasitioned and directed. The advantage of such
arrangement is that the microphone is fixed andntkasurer can withdraw in order not to disturb
the measured sound field.

The input signal generated by the microphone cameptaced by an analogue electrical
input signal. This can be used for testing of tleeteonic part of the instrument by observing the
response to a known input signal generated byreakggnerator.

The instrument has an AC (alternate current) ab&ddirect current) analogue output. The
AC output is captured after the frequency weightiirguits upon DA conversion. It corresponds to
the frequency weighted amplified signal from themphone. When the Lin weighting is chosen,
the frequency weighting is not applied and the A@pat signal is proportional to the output of the
microphone. The AC output signal can be used famgle for the Fourier analysis of the sound
pressure field.

The DC output is captured after the logarithmictwemd therefore corresponds to the
frequency weighted and time averaged sound pressegkin decibels. The DC output can be used
for recording and later analysis of the noise level

! The current level of the signal after averagingrisportional to a weighted average of the squaceshd pressure over
some time period, with weights falling exponentiallith the time elapsed since the sound pressusecaptured and
the time constant in the exponent specified bytithe weighting characteristics applied — one of$hé, or I.
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Fre_que_ncy Optional band Averaging
weighting pass filters circuits
filters

Variable
amplifier for
calibration

Squaring
circuit

octave
Microphone Preamplifier ~ ADC

o

1/3 octavi Time

weighting

0]

DAC
Test signal input Lin
~
*——
AC output _— —
DC output @0—ouno—_| Indicator Further processing (integral and Logarithming

statistical quantities) with switches

Figure 3.1: Scheme of the Metrel sound level meter.

3.2 Testing and Measuring Accuracy

The instrument can be used either as a type 1 pe B instrument (according to [3]),
dependent on the microphone used. The microphoserésved on the end of the sound probe and
can be replaced. The instrument is provided eittyethe type 1 or type 2 microphone. After the
microphone is exchanged, the instrument must klmlibrated even if both microphones have the
same nominal sensitivity.

The instrument has undergone the appropriate itestisler to confirm the compliance with
the IEC standards [3] to [7]. Testing accordinghtese standards include the following:

[3]:

- test of frequency weighting

- test of directional sensitivity

- test of overload detector characteristics

- test of detector and indicator characteristics:

- single burst test

- overshoot with suddenly applied signal

- overshoot with signals with a step in amplitude

- test of decay time by a signal suddenly turned off

- test of r.m.s. performance by comparing the intbeator a reference sinusoidal signal by the
indication for a sequence of tone bursts and aesempiof rectangular pulses

- test of the | weighting characteristics

- test of onset time for the peak detector

- test of time averaging
- linearity range
- test of the pulse range
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3. The Metrel Sound Level Meter

- test of relative attenuation

- filter integrated response

- linearity of response

- test of real-time operation

- test of anti-alias filters

- test of summation of output signals
- sensitivity to environment

- sensitivity to electrostatic discharge

- measurement of radio-frequency emission
- test for electrostatic discharge
- test for immunity to power- and radio-frequencydgeand conducted disturbances

3.3 Calibration of the I nstrument

The whole processing part of the instrument is enmnted in digital technology. The
microphone and the preamplifier are the only congpts of the instrument whose characteristics
can change with time and is sensitive to envirortaleconditions such as the temperature or
humidity. Frequency or time weighting charactecisire therefore not of concern when calibrating
the instrument, and the instrument is calibratdg wiith respect to the indicated level.

The instrument can be calibrated by any acoustiibretor that satisfies the accuracy
requirements and is suitable for calibration offté¢ field microphones. Some possible options are
the Multifunction Acoustic Calibrator — type 4226 Sound Intensity Calibrator — type 3541, and
the Pistonphone — type 4228, all produced by theBS: Kjaer.

Calibration should be performed with a sinusoidalrel wave of the reference frequency of
1 kHz. The general calibration procedure is afed:

1. Set frequency weighting of the instrument to Lingddéme weighting to F.

2. Set the measurement range to the maximum.

3. Insert the microphone of the sound level meternim ithe hole of the calibrator's

acoustic coupler.

4. Turn on the power of the calibrator.

5. Set the calibration value to the appropriate leV¥éle highest available level which is

within of the instrument measuring range is recomaeel.

6. Turn the gain adjustment of the variable amplifigttil the indicated level read on

instrument display matches the calibration sounéllef the acoustic calibrator. Make
sure that calibrator indicates that the constars!les obtained.

Refer also to the instructions of the calibratorhmw to perform the calibration. Consult
also the microphone datasheet for the differentedsmn the pressure and free field response. Note
that the response of the microphone placed in ansdic calibrator is the pressure response.
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3. The Metrel Sound Level Meter

3.4 Maintenance and Care

The instrument may not be exposed to extremely twgHow temperatures, high air
humidity, water or chemically aggressive substarmgsh as acids. Protect the instrument from
mechanical damage: take care not to hit any obfgcthe instrument and not to drop it. Store the
instrument appropriately when it is not in use. dNtitat especially the sound probe is sensitive to
mechanical and damage. it is advisable to detaeprbbe after measurement.
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3. The Metrel Sound Level Meter

V poglavju 1.1.3 slike o razinih pojavih
Dodati: v poglavju 1.1.3.1 D'Alembertove reSitweofda omeniti Huyghensov princip)

Referenca na instruction manual!!!! (definicije Kjpkako vklopiti zacetek integracije,
nastavitev integracijske periode itd.)

Preveriti pri opisu kalibracije, ce ustreza dejangkedbi (tj. ali obstaja vrtljiv gumb za
nastavitev kalibrac. ojacevalnika ali se ojacamgstavi in shrani kako drugace)

Navesti, kateri mikrofoni pridejo z instrumentomtgal in tip 2!
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