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Sommario

Il presente lavoro tratta la progettazione e caratterizzazione
di una nuova listening room ad acustica controllata partendo
dai requisiti dettati dalle norme tecniche ITU-R BS 1116-1
e EBU/UER Tech. doc. 3276. Ad oggi é presente un’am-
pia letteratura, che tratta approcci per valutazione acustica
delle sale di ascolto. Essa inizialmente era volta a trova-
re proporzioni ideali tra le dimensioni della camera, poi la
ricerca si é spostata sull’elaborazione di modelli previsiona-
li. Purtroppo tali metodi spesso non riescono a garantire le
prestazioni desiderate, mentre le prove sperimentali dettate
dalle norme risultano essere di comprovata validita. L’am-
biente oggetto di studio é stato progettato all’interno dello
spazio dei laboratori CIRI. La tecnologia costruttiva é frutto
di uno studio approfondito, in particolare la scelta di fibre di
poliestere termolegate, per il rivestimento delle pareti inter-
ne, é stata valutata attraverso misure in camera riverberante
secondo UNI-EN-ISO 354. Si é poi seguita una metodologia
iterativa che coinvolgesse messa in opera, misurazioni in situ
e valutazione tramite confronto con i parametri consigliati
dalle normative tecniche sopra citate. In quest’ottica sono
state effettuate acquisizioni di risposte all’impulso monoau-
rali e dei livelli di pressione sonora per verificare la qualita
di isolamento e il comportamento alle basse frequenze. La
validazione restituisce indicazioni positive per gli utilizzi del-
I’ambiente ipotizzati e risulta compatibile con le stringenti

richieste delle norme tecniche.






Abstract

The present study concerns the design and acoustic charac-
terization of a new “listening room” with monitered acous-
tics, following the requirement of the technical recomment-
dation ITU-R BS 1116-1 and EBU/UER Tech. doc. 3276.
At the current state of art there is a wide literature about
evaluation of the listening room acoustic. It was initialy
oriented to find “optimum” room ratio, then the research
has shifted to the elaboration of previsional models. Un-
fortunately these methods often cannot ensure the desired
performance, while the sperimental measurement proposed
in the technical standard proved to be reliable. The case
study room was built inside the CIRI laboratories. The
building technologies have been chosen after a deep study,
inter alia the choice of polyester bonded fibers, in order to
upholster the inner walls, was evaluated through reverberant
chamber measurement, following UNI-EN-ISO 354. An it-
erative methodology was followed that involves installation,
in situ measurement and evaluation through the compari-
son with parameters recommended by the above mentioned
standards. In this context tmonoaural impulse responses
and sound pressure levels have been measured in order to
verify the insulation quality and the low-frequency behav-
ior. The validation gives positive indication concerning the
expected use of the environment and meets the strict rec-

ommendations of the standards.
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Chapter 1
Listening room acoustics

The study of sound in enclosures involves not only a search into how
sounds are reflected backward and forward in an enclosure but also
on investigation into how to measure sound under such conditions and
the effect that various materials have in absorbing and controlling this
sound. It is also of great importance the understanding of the personal
preferences of listeners, whether listening in the room where the music
is produced or listened at a remote point to a microphone pickup.
Different cases to the study of sound in enclosures can be analyzed.
The first is the ‘large room’, where it is assumed that the sound field
throughout a large relatively reverberant space is diffuse. In techni-
cal terms that means that the sound field is homogeneous (the same
everywhere in the space) and isotropic (with sound energy arriving at
every point equally from all directions). That theoretical ideal is never
achieved because of sound absorption at boundaries, by the audience
and in air, but it is an acceptable starting point. Diffuse-field theory
may not apply perfectly to concert halls, but it applies even less well to
other kinds of rooms. In the acoustical transition from a large perfor-
mance space to a “small” room, it seems that the significant factors are
a reduced ceiling height (relative to length and width), significant areas
of absorption on one or more of the boundary surfaces, and proportion-
ally large absorbing and scattering objects distributed throughout the
floor area. Sound radiating from a source is either absorbed imme-
diately on its first encounter with a surface or object, or the objects

redirect the sound into something else that absorbs it. Thus the late re-
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Listening
Spaces

Automobile
cabins

Concert halls & auditoria Offices and workspaces  Home listening roems

Figure 1.1: Pictorial representation of the range of sizes and shapes of spaces for which it
is needed acoustical measurements and rules. After [44].

flected sound field is greatly diminished with distance from the source.
These listening rooms are also known as not Sabine spaces, and it is
not appropriate to treat them using the same theory|[44].

The focus of this work will be on small enclosures because of the
dimension of the case study room.

In this cases the interior sound field is describable in precise math-
ematical terms, with the modal theory although the analysis becomes
complicated if the walls of the enclosure are covered on the whole or
in part with acoustical absorbing materials [4]. Worth mentioning that
room modes are recognized as one of the most noticeable problems in
professional audio control rooms. Although this problem is widely ac-
knowledged, efficient solutions are still difficult to implement. In order
to understand the implications of room modes on subjective percep-
tion, a thorough knowledge of the behavior of sound in the room, and
more specifically the factors associated with resonances, is necessary.

1.1 Formal solution of the wave equation

The starting point for a wave theory representation of the sound field
in a room is the 3-D wave equation
10%
Vip=—— 1.1
P= 20 (1.1)
where p is the pressure and t the time. This differential equation
governs the propagation of sound waves in any lossless fluid and is
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therefore of central importance for almost all acoustical phenomena. It
holds not only for sound pressure but also for density and temperature
variations. Hence, it is possible to take the time invariant form of the
wave equation. If a harmonic time law is assumed for pressure and
particle velocity, we can divide the function in a position-dependent

term and a time-dependent term:
p(r.t) = R(r)T(t) = R(r)e™" (1.2)

Where r is the distance between the source and the receiver point .Ap-
plying this in the wave equation we arrive at the Helmholtz equation

Vi +k*p =0 (1.3)

This equation can be seen as a homogeneous differential equation,
where k=%. Furthermore, it is assumed that the room assumed in this
theory has locally reacting walls and ceiling, the acoustical properties
of which are completely charachterised by a wall impedance depending
on the coordinates and the frequency but not on the angle of sound

incidence. The velocity component normal to any wall or boundary is

(Vp)y = P (1.4)

Up = —=

Using the definition of impedance Z it is possible to write the pre-

vious equation as:

0 :
Za_fz + iwpep =0 (1.5)

Now it can be shown that the wave equation yields non-zero solutions
fulfilling the previous boundary condition only for particular discrete
values of k, called eigenvalues. These quantities need to be distin-
guished from each other by an index number n or m, though it is
often more convenient to use a trio of subscripts because of the three-
dimensional nature of the problem. Each eigenvalue k, is associated
with a solution p,(r), which is known as an eigenfunction or character-
istic function (r is used as an abbreviation for the three spatial coor-

dinates). It represents a three-dimensional standing wave, a so-called
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normal mode of the room. As mentioned earlier, for a given enclosure
the explicit evaluation of the eigenvalues and eigenfunctions is gener-
ally quite difficult and requires the application of numerical methods
such as the Finite Element Method (FEM). There are only a few room
shapes for which the eigenfunctions can be presented in closed form.
An important example will be given in the next section.

One can prove that the the eigenfunctions form a complete and

mutually orthogonal set of functions:

K,, forn=m
jijmr)pm(r)dv: 0 forn (L6)

where the integration has to be extended over the whole volume V en-
closed by the walls. Here K, is a constant a scalar dependent on room
volume. If all the eigenvalues and eigenfunctions, which in general are
functions of the frequency, are known, we can in principle evaluate any
desired acoustical property of the room; for instance, its steady state
response to arbitrary sound sources. Suppose the sound sources are
distributed continuously over the room according to a density function
q(r), where ¢(r)dV is the volume velocity of a volume element dV at r.
Here q(r) may be a complex function to account of possible phase dif-
ferences between the various infinitesimal sound sources. Furthermore
it is assumed a common driving frequency w.

By adding pog(r) to the right-hand side of equation 1.7

dp

V- == 1.7
PV (1) = o (1.7
It is easily seen that Helmholtz equation becomes:

V2p + k*p = —iwpoq(r) (1.8)

with the same boundary condition as above. Since the eigenfunc-
tions form a complete and orthogonal set of functions, it is possible to

expand the source function in a series of pressures p,,:

q(r) =Y Copa(r) (1.9)
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where:

C, = Kin jJ Pu(r)g(r)dV (1.10)

where the summation is extended over all possible combinations of
subscripts. In the same way the solution p,(r) can be expanded in

eigenfunctions:

Pu(r) = Dupu(r) (1.11)

The problem is solved if the unknown coefficients D,, are expressed by
the known coefficients C,,. For this purpose are inserted both series

into the equation 1.8:
Z Dnv2pn + kzp = —iwpo Z Cnpn (112)

Now V2p,, = —k?p,,. Using this relation and equating term by term
in the equation above, it is obtained:

D, = iw’ookﬂcfnk% (1.13)
The source shall be modeled with the simple case of point source.
Whilst infinite small in physical terms, the point source approxima-
tion may be considered valid where the dimension of the source are
small in comparison to the wavelength of the sound emitted. At low
frequency this can be considered true. A dirac delta function is used
to represent this source, with the form:

q(r) = Qé(r —ro) (1.14)

where Q is the volume velocity. When substituted into equation
1.10 this gives:

C, = Kin fJ Pu(1)Q(x — 1o)dV (1.15)

A special property of the delta function allows us to apply the “sift-
ing property” where by:
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/ £,Q8(r — r0)dV = f(x0) (1.16)

Hence it results:

1

C, = EQHPn(rO) (1.17)

Finally, it is possible to equate 1.11, with a point source excitation

at r and receiver rg, finding what is known as the “Green function” of

the room.

2 r)p,(ro)

Duw(r) = 1Q%cwpy Z k2 2 (1.18)
It is interesting to note that the equation 1.18 is symmetric in the
coordinates of the sound source and of the point of observation. If
the sound source is placed at r, it is seen that at point rg there is the
same sound pressure that it was noticed at r, when the sound source
was at rg. Thus equation 1.18 is the mathematical expression of the
well known reciprocity theorem which can be applied sometimes with

advantage to measurement in room acoustic.
With complex boundary conditions, the k, terms are usually com-

plex quantities. Therefore if:
fy = 2 ;0 (1.19)

where the ¢ is a damping constant, the equation 1.18 becomes:

Po(r) = iQ*cwpy Z (r)pn(ro) (1.20)

w2 + w2 — 2i0,w,,)

where it is assumed 6§, << w,. Considered as a function of the fre-
quency, this expression is the transfer function of the room between
the two points r and ro. At the angular frequencies w = w,,, the as-

sociated term of this series assumes a particularly high absolute value.

Wn

2
the room; sometimes they are referred to as “resonance frequencies”

The corresponding frequencies f, = are called eigenfrequencies of

because of some sort of resonance occurring in the vicinity of those
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frequencies [29].

In order to find the transfer function that describes with the highest
accuracy the system, the damping constant d,, has to be found. In the
simple case of a rigid with rigid walls and ceilings, with an assumed
uniform sound-field, the damping constant can also be assumed uni-
form, and therefore, reverberation time decreases linearly. In this case,
there is a direct relationship between the weighted average dg and the
reverberation time 7" (in s):

6,91

do T

(1.21)

The damping is also affected by the mode type, i.e. axial, tangential
or oblique. A wave traveling a greater distance in its reflective path is
absorbed to a greater extent. The grazing effect (the absorption due
to the angle of incidence as a wave travels along a surface) is assumed
to be zero here. It follows that modes of the three different types
are absorbed by differing amounts. We assume that, on average, each
mode type is subject to the same additional absorption. Therefore,
constants are introduced. Where n=0 , ¢ = 1 and where n < 0, € = 2.
To further increase the realism of the damping condition, we include
the specific values and the absorption coefficients « for the material
on each wall. Morse [32] shows that the approximate formula for the
damping coefficient in this case is:

c 1 1 1
5o = S (§emozx + éenyay + éemaz) (1.22)

1.2 Rectangular room with hard walls - modal the-

ory

It is taken in consideration now a room with parallel pairs of walls, the
pairs being perpendicular to each other. It will be referred to in the
following as a ‘rectangular room’[28]. The specific case of a rectangular
room with perfectly smooth, rigid walls had a solution already in 19"
century by Lord Rayleigh, that found the existence of eigenmodes. He

defined an equation for the determining the resonance frequencies in
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Figure 1.2: Representation of the model hypothesis of the Rayleigh’s wave theory

rooms. This theory permits to have an analytic solution only for simple
geometries, i.e. for a room that has sides I, [, [.. Worth mentioning
that the boundary condition for a rigid wall is that the air velocity
perpendicular to the wall is zero at the wall. This boundary condition
avoids to study the materials and this is an other big approximation.
In cartesian coordinates the Helmholtz equation may be written as:
Pp  ’p O
4+ +kp=0 1.23
83:2+8y2+822+ b (1.23)
The variables can be separated, which means that we can compose

the solution of three factors:

p(x,y,2) = pe(x)py(y)p-(2) (1.24)

which depend on respectively x only, on y only and on z only. If this
product is inserted into the Helmholtz equation, the latter splits up
into three ordinary differential equations. The same is true for the
boundary conditions. For instance, p; must satisfy the equation

*py
0x?

+ kp, =0 (1.25)

Since the walls are rigid and hard, the normal component of air particle
velocity on the wall surface must be equal to zero, i.e. the velocity of

air particles near any wall must be parallel to that wall.
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uw =0 for x=0 and z = [,
v =0 for y=0 and z = [,
w =0 for z=0 and x = [,
where u, v, w are the particle velocities in the three axes. So formally

for the single x-axis the boundary condition is

dps
dx

=0 forz=1, (1.26)

Analogous equation holds for p,(y) and p,(2); also the constants k,,
k,, k. must satisfy
K2+ K+ k2 =k (1.27)

Where k,/k, k,/k, k,/k represent the direction cosines made by the
directions of wave propagation with respect to x, y and z-axes. Re-
membering that k is the wave number in angular notation, using the

relationship:
2r f
==

k (1.28)

where f is frequency in Hertz and c the speed of sound in air in ms~*.

w
k=== 4R+ (1.29)

The homogeneous differential equation 1.25 has a general solution
p1(x) = Aycos(kyx) + Bysin(k,x) (1.30)

The constants A; and B; are used for adapting this solution to the
boundary conditions in 1.26. So it is seen immediately that we must
put Bj since only the cosine function possesses at x = 0 the horizontal
tangent required by equation 1.26. For the occurrence of a horizontal
tangent too at x = [, it is to be satisfied the condition cos(k,l,) = +1
thus k.l, must be an integral multiple of 7. The costant k, must
therefore assume one of the allowed values:

k(z) = (1.31)

n, being a non-negative integer. Similarly, it is obtained for the allowed
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values of ky, k.. Inserting these values into equation 1.29 results in the

following equation for the eigenvalues of the wave equation:

n 2 n 2 n 2
knzn n, — T = + - + = (132)
v L, L, L,

The eigenfunctions associated with these eigenvalues are simply ob-

tained by multiplication of three cosines, each of which describes the
dependence of the pressure on one coordinate:

Pranyn, = Ccos(kyz)cos(kyy)cos(k.z) (1.33)

where C is an arbitrary constant and x, y and z positions within the
rOOM. Pp,n,n, NOW Tepresent a three dimensional standing wave at a
single point within the room; of course, it is incomplete without the
factor e™! describing the time dependence of the sound pressure.

In terms of frequency for the corresponding room modes the equa-

tion is expresed as:

w ke ¢ ny\ > ny2 n.\’ 134
rmnenea(E) H(3) () o

Where n,, n,, n, are the indices of the room modes.

Waves traveling “parallel” to a wall are affected by the wall (are
absorbed by it for istance) ta a lesser extent than waves having oblique
incidence. Therefore standing waves were separeted in three categories
and seven classes:

1. Axial waves (for which two n are zero)

1.1 x-axial waves, parallel to the x-axis (n,,n, = 0)

1.2 y-axial waves, parallel to the y-axis (n;,n, = 0)

1.3 z-axial waves, parallel to the z-axis (n,,n, = 0)

2. Tangential waves (for which one n is zero)

2.1 y,z-tangential waves, parallel to the x-plane (n, = 0)

2.2 x,z-tangential waves, parallel to the y-plane (n, = 0)

2.2 x,y-tangential waves, parallel to the z-plane (n, = 0)

3. Oblique waves (for which no n is zero)

It is possible to see these different kind of modes in figure 1.4.
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Figure 1.3: The simplest form of room resonance can be illustrated by two isolated,
parallel, reflecting wall surfaces. After [3].
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Figure 1.4: Sound-pressure contour plots on a section through a rectangular room. The
numbers on the plots indicate the relative sound pressure. After [4].
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Figure 1.5: Distribution of allowed frequencies in ”frequency space” for a rectangular room
sides 5,0, and I, The length of the vector gives the direction cosines of the corresponding
standing wave in the room. After [32].

It will turn out that, even in the first approximation, waves of dif-
ferent classes have different reverberation time and, waves of the same

class have the same reverberation time.

1.2.1 Distribution of eigenfrequencies

Considering the distribution of the modes within the room, it is quite
tedious to count the individual allowed frequency below a given fre-
quency band, so it is useful to obtain a “smoothed-out” formula for
average values of the counts. The rapresentation in a lattice system
is useful here, infact e.g. a normal mode of oscillation can be consid-
ered as a pont in ‘frequency space’, whose x component is an integral
number of unit length (¢/2[,) etc. like is possible to see in the fig 1.5.
Considering that each lattice point “occupies” a rectangular block of
dimensions (¢/2l;), (¢/2l,), (¢/2l,) in frequency space, with the ac-
tual lattice point at the center of the block. Then the average number
of points can be obtained by dividing the volume of frequency space

considered by the volume (¢?/8V)(V = l,1,l,) of each block, viz:

~ (L
Ny & (27) (1.35)

where L = 4(l,+1,+[.) is the sum of the length of all the edges of the

room. The average number of y,z-tangential waves is the number of
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blocks in a quarter of a disk of thickness (¢/2l,) and radius f, minus a
correction to allow account the axial waves, which have been counted
separately. This correction in volume is one-half the space “occupied”
by the y and the z axial lattice points. The factor one-half comes in
because only one-half of the volume “occupied” by the axial lattice
points is inside the angular sector formed between the y- and z- axes,
which bounds the quarter disk. Therefore the average number of al the

tangential waves with frequencies less than f is

_(7PA fL
Ny & ( 52 ) - (2—0) (1.36)

where A = 2(l,l, + l,1, +1,l.) is the total wall area. We are neglecting

the corrections for the overlapping regions at the origin, f=0, for they
are independent of f and are small in magnitude. The volume ”occu-
pied” by the lattice points for the oblique waves of frequency less than
f is the volume of one-eight sphere minus the volume already counted

for the other classes of waves:
A f3V Tf?A fL
Nob ~ ( 303 ) - < 462 + g (137)

where V' = [,[,[, is the volume of air in the room. Therefore the total

number of standing waves of all classes which have frequencies less than

_(4nfV Tf2A L
NN( gk )+< 402 )+(8_) (1.39)

The correct value for N fluctuates above and below this average value

fis

but is seldom more than on or two units away.

It is always stated that it is quite tedious to calculate or even count
the individual eigentones less the counts are given. So we have for the
average number of eigentones 0 N with frequencies in a band of width
0f the following approximate formula

SN (4xf?V A L
wo e ) e Ge) ) o

The right hand side of the equation gives the number of eigentones
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SN
v T5f
interval between two neighbor eigentones. It gives only an approximate

per bandwidth of one Hz. The reciprocal of it gives the frequency
average value which does not depend on the ratio between the room
dimensions. Exact values for the eigentones interspacing can only be
obtained by calculating the individual eigentones and subtracting each

frequency from its neighbor’s one [32].

For large rooms, the last two summand on the equation 1.38 could
be neglected because of the predominant effect of axial modes. Hence
the given value of N is:

N ~ (47Tf3v) (1.40)

3c3

The equation 1.40 was proved to be worth for the practice also for small
enclosures that have different shapes [42].

Worth mentioning the work of Hunt in 1939 [23] that makes a vali-
dation of the modal theory. The curves in figure 1.6 were obtained by
slowly varying the frequency (a pure tone) of the loudspeaker and si-
multaneously recording the output of the microphone. The eightfold in-
crease in the number of modes of vibration which were excited with the
source at the corner overt that with the source at the center is apparent.
It seems also that the addition of sound-absorbing material decreases
the height of resonance peaks and smooths the transmission curve, par-
ticularly at the higher frequencies, where the sound-absorbing material
is most effective. The figure 1.6 illustrates a comparison of four trans-
mission curves recorded with and without an absorbing sample on a
0.76x0.61 m? wall on a model chamber with dimension (0.76x0.61x0.41)
m?3. In transmission curves in figure 1.6a and 1.6b the microphone was
in one corner, and the source was diagonally opposite. The dashed line
shows the relative response of the small loudspeaker (% in diameter)
measured at 2 in. in free space. Zero decibel for the source curve is
about 50 dB. In the curves in thfigure 1.6b and 1.6¢c, the source was
in the center of the room and the zero decibel reference for the source
characteristic is about 71 dB. Regarding the material of this chamber
in figure 1.6a and 1.6a the curves have with a good approximation infi-
nite impedance, in figure 1.6b and 1.6d one of the surfaces (0.76x0.41)
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Figure 1.6: Comparison of four transmission curves recorded with and without an absorb-

ing sample on a 0.76x0.61 wall on a model chamber with dimension (0.76x0.61x0.41) m?.
After [4].
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m? is finished with a porous material of 13 mm. In the blue part in

the a) curve it is possible to recognize very well the mode peaks of the
first four modes. In the red part, increasing the frequency, the modal
density increases and the resonance curves of modes start to overlap
and it is very difficult to identify the specific mode. This overlapping
effect is quantified by the indicator M, called modal overlapping:

dN

M=Af W (1.41)

In the 1.6b curve, the dissipation effect of the material is clear. In
fact mode peaks appear to be with a smaller width, and the increas-
ing of the width of resonance bands produce an increasing of modal
overlapping. The 1.6¢ curve represents a validation of the reciprocity
principle. In this case the source is placed in the center of the paral-
lelepiped and it is clear that it misses the contribution of the modes
that have one of the three modal number odd. Hence the modal over-
lapping decreases and the modes appear to be more isolate. At least
the 1.6d curves shows the dissipation effect for the 1.6¢ configuration.
Hence it is clear that the sound pressure is dominated by few modes,
when the frequency of the source is low according to the room dimen-
sions. This can be called “small room” behavior. Instead, when the
modal density increases with the frequency, the sound pressure is the

result of excited resonance modes overlapping.

1.2.2 Decay modes and reverberation

When a source of sound is turned on in a small enclosure, it will excite
one or more of the stationary waves. Let us assume that the source is
constant in strength and is of a single frequency and that its frequency
coincides with one of the normal frequencies of the enclosure. The
sound pressure for that normal mode of vibration will build up until
the magnitude of its rms value (averaged in time and also in space
by moving the microphone backward and forward over a wavelength)

equals:
K

= 1.42
=5 (1.42)
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Figure 1.7: Resonance curve for a normal mode of vibration. Sound pressure level vs. the
ratio of the frequency to fn. In this image Beranek [4] write the damping constant kn[4].

K is the source constant determined principally by the strength and
location of the source and by the volume of the room. 9, is the damping
constant determined principally by the amount of absorption in the
room and by the volume of the room. The more absorbing material
that is introduced into the room, the greater ¢,,, and the smaller the
value of the average pressure. When the driving frequency does not
coincide with the normal frequency, the pressure for that particular
mode of vibration builds up according to a standard resonance curve
as shown in equationl.7. The width of the resonance curve at half

power (3 dB down) points is equal to:

On
=== (1.43)
™
The magnitude of the sound pressure p,, is given by:
2Kw
pal = (1.44)

\/4wn26n2 + (w? —w?,)?

where w is the angular driving frequency and w,, is the angular normal
frequency given approximately by the equation 1.34. Obviously, if the
driving frequency lies between to normal frequencies, or if k, is large
so that the resonance curve is broad, more than one normal mode of

vibration will be excited significantly, each to the extent shown by
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equation 1.45. When the source of sound is turned off, each normal
mode of vibration behaves like an electrical parallel-resonance circuit
in which energy has been stored initially. The pressure for each normal
mode of vibration will decay exponentially at its own normal frequency

as shown in figure 1.8.

If only one mode of vibration is excited, the decay is as shown in
figure 1.8 a and as given by:

Pn = ?eé"tcoswnt (1.45)
Stated differently, on a log(p,,) scale vs. time, the magnitude of the rms
sound pressure level decays linearly with time. If two or more modes
of vibration are decaying simultaneously, beats will occur because each
has its own normal frequency (fig. 1.9). In summary, we see that when
a sound source of a given frequency is placed in a rectangular enclosure,
it will excite one or more of the infinity of resonance conditions, called
normal modes of vibration. Each of those normal modes of vibration
has a different distribution of sound pressures in the enclosure. The
normal frequency, and the damping constant, related to the normal
modes, determines the maximum height and the width of the steady-
state sound-pressure resonance curve. The room is thus an assemblage
of resonators that act independently of each other when the sound
source is turned off. The larger the room and the higher the frequency,
the nearer together will be the normal frequencies and the larger will be
the number of modes of vibration excited by a single-frequency source
or by a source with a narrow band of frequencies [4]. It is interesting
to relate the coefficient d,, to the reverberation time 7. From equation
1.45 the time required for the pressure to drop by 60 dB is T' = 6.91/4,,
which, when substitutet into equation 1.43 yields

6,91 2.2

AM="F=7F

(1.46)

showing that the bandwidth of the resonance modes is constant and
independent of frequency if the reverberation time is also constant.

The T measured in a room is the average of the individual T" for each
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Figure 1.8: a) Sound-pressure decay curve for a single mode of vibration. b) Sound-
pressure decay curve for two closely spaced modes of vibration with the same decay con-
stant. ¢) Sound-pressure decay curve for a number of closely spaced modes of vibration
with the same decay constant. The graph on the left shows the curve of the envelope of
the left graph, plotted in a log(p) vs. t coordinate system. After [4].
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Figure 1.9: a) Decay curves with a double slopes produced by normal modes of vibration
with different decay constants. After [4].
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of the modes, but for practical purposes the 1" used in equation 1.46
is the same measured with pink noise. For the rooms normally used
as studios, the modal T are approximately constant with frequency.
This constancy implies that the bandwidth given by equation 1.46 is
between 3 and 10 Hz. In terms of relative bandwidth, measured in

fractions of an octave and commonly used in electroacoustics, we have:

— 2% — 2w 1.47
7 (1.47)
where 1/n is the bandwidth in octave. Taking into account eqs. 1.46
and 1.47, we see that as T increases, the bandwidth decreases. Rooms
built with low T in the bass will have wider bandwidths, advanta-
geous for a larger number of responsive modes. On the other hand, for
constant 7', the selectivity of the modes increases with frequency; the
bandwidth in octaves decreases. This is not important at high frequen-
cies since the number of modes increases rapidly; but conversely the
bass end is enhanced, since the octave bandwidth becomes large [7].

1.2.3 Ciritical frequency

Because all rooms have modes in their lower frequency ranges, there
will always be a frequency below which the modal effects dominate and
the room can no longer be treated as diffuse. Even anechoic rooms have
lower frequency limits to their operation. One of the effects of room
modes is to cause variations in the frequency response of the room, due
to its effect on the reverberant field. The frequency response due to
modal behavior will also be dependent on the room position, due to
the spatial variation of standing waves. An important consequence of
this is that the room no longer supports a diffuse field in the modal re-
gion and so the reverberation time concept is invalid in this frequency
region. Instead an approach based on modal decay should be used.
The transition thresholds between the region of modal behavior and
the region of diffuse behavior is known as the critical frequency. As
is usual in these situations, although the critical frequency is a single
frequency it is not a sharp boundary: it represents some defined point

in a transition region between the two regions. The concept of crit-
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ical frequency (also known as the ‘Schroeder frequency’or large room
frequency) allows us to define the difference between rooms which are
large and small in acoustical terms. In an acoustically large room the
critical frequency is below the lowest frequency of the sound that will
be generated in the room whereas in an acoustically small room the
critical frequency will occur within the frequency range of the sounds
being produced in it. Examples of acoustically large rooms would be
concert halls, cathedrals and large recording studios. Most of us listen
to and produce music in acoustically small rooms, such as bedrooms,
bathrooms and living rooms, and there is an increasing trend due to
the effect of computer recording and editing technology and because
it is cheaper to perform more and more music and sound production

tasks in small rooms [22].

Now it is important to quantify this critical frequency. In order
to calculate it several assumptions have to be done. First of all, if
the mean spacing of resonance frequencies is substantially larger than
the average half-width, found in 1.46, most of the room resonances are
well separated, and each of them can be individually excited and de-
tected. In a tiled bathroom, for example, the resonances are usually
weakly damped, and thus one can often find one or several resonances
by singing or humming. If, on the contrary, the average half-width of
the resonances is much larger than the average spacing of the eigenfre-
quencies, there will be strong overlap of resonance peaks and the latter
cannot be separated. According to Schroeder [38] a limiting frequency
separating both cases can be defined by the requirement that on aver-
age three eigenfrequencies fall into one resonance half-width, or, with
equation 1.39.

C3

ArV f?

Where the angle brackets indicate averages. Solving for the frequency

(Af)) =3 (1.48)

yields the limiting frequency, the so-called Schroeder frequency [38]:

5400 T 2
fo= ol 2000 (V) (1.49)
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Figure 1.10: It is highlighted the transition boundary between the region of modal behavior
and the region of diffuse behavior. This boundary corresponds to a frequency called
‘Schroeder frequency’. After [18].

Where the room volume V is expressed in cubic meters and T' in sec-
onds. For large halls the Schroeder frequency is typically about 20 or
30 Hz, hence there is strong modal overlap in the whole frequency range
of interest, and there is no point in evaluating any eigenfrequencies. It
is only in small rooms that a part of the important frequency range
lies below f, and in this range the acoustic properties are determined
largely by the values of individual eigenfrequencies.

1.3 “Optimum” room ratio recommendation

The problems related to the eigenmodes and the distribution of modes,
e.g coloration of the sound and instability of the sound image, are
known for a long time. In the past several author have tried to find
an optimum ratio which the room dimensions should meet. The very
first who prescribed optimum room ratios was Sabine [53]. In 1900
he already recommended an ideal ratio of 2:3:5. This suggestion is
probably based on the ratios of the harmonic intervals in music [37].
The works that are presented in this section are intended to find quick
and simple rules for the room ratios in order to permit to evaluate,
with simple calculation, if the room has or not an optimum modal
distribution. The main scope is to avoid clustering of modes near
certain frequencies and excessive gaps between adjacent frequencies.

The theory behind the most of these approaches uses the approximation
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of the rectangular room with hard walls. Recently several authors are
trying to give a better approximation of the room beahvior introducing
more parameters, and using the calculation power of the computer

simulation.

1.3.1 The Bolt’s ‘blob’

Richard Bolt [6] in 1946 produced a design chart (fig.1.11) that may be
used to determine the average number N of normal frequencies, up to
a frequencies v in a rectangular room of volume V having dimension L,
pL, gL where L is the longest dimension of the room and the dimension
ratios p and q are equal to or less than unity. The design chart may
also be used to determine the average spacing between adjacent nor-
mal frequencies in a rectangular room at a given frequency. Defining

spacing index 1 as follows:

W ! i (?) (1.50)

M — fa

where ¢ is an actual normal frequency space, J is the average space (as
obtained from figure 1.11) at the mean normal frequency of the space
0. up and p, are the limiting frequency between which the summation

in the above equation is taken.

The index v has the properties of a mean squared ratio of actual
to average spacing over the band pu, to pp. This quantity is directly a
measure of statistical fluctuation in frequency spacing. The figure 1.12
is a plot of the low frequency space index 1. The so-called blob in the
chart 3.28 encloses an area of good room proportions given smoothest
frequency response at low frequencies in small rectangular rooms, here
the dimension ratios of the rectangular room are given as 1:X:Y. Ratios
of 2:3:5 and 1 : 2'/3 : 41/3(1:1,26:1,59) are suggested, by Bolt also notes
that there is a broad area over which the average modal spacing crite-
rion is acceptable. This later ratio is often rounded to the commonly
quoted figure of 1:1,25:1,6.
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Figure 1.11: Bolt’s design chart to determine Normal frequency statistics for Rectangular
room. After [6]
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Figure 1.12: Bolt’s frequency spacing index plot contour[6].
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Figure 1.13: Curve domain that encloses dimension ratios given smoothest frequency
response at low frequencies in small rectangular room[6].

1.3.2 Louden’s approach

In 1971 Louden [30] proposed a different approach to investigate modal
distribution. Initially he calculated 216 eigentones for which room,
using the equation 1.34. This number is obtained by allowing n,, n,,
n,, separately to take the values 0,1,2,3,4,5. The 216 frequencies are
sorted in ascending order to enable the subtraction of each two neighbor
frequencies. Up to a limit frequency equal to six times the lowest
frequency thus obtained, no eigentone can have a lower frequency than
this limit. This frequency limit frequency will be called fs. In the
literature [32, 46] a minimum frequency is given by:

555
Jmin = Ve (1.51)

12
The problem is to find ratios of rooms dimensions which have evenly
distributed eigentones. An ideal room would be a one which the fre-
quency intervals between each tow eigentones follow the curve of g—ﬁ as

can be obtained from equation 1.38. The greater the deviation between

oF
ON?

of the room. Louden used, as figure of merit to judge room ratio, the

the actual interspacing and the worse will be the acoustic quality
standard deviation of the intermode spacing, so again this is a regime
to achieve evenly spaced modes. The method produces the well known
room ratio of 1:1.4:1.9 [30].
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Table 1.1: Louden’s dimension-ratios listed in descending order of the acoustic quality of
rectangular rooms built according to them [30].

oder | X | ¥ ss Order | X Yy | ss
1 1.9 14 | 1.1445 64 1.9 2.2 i 1.8097
2 1.9 | 1.3 ‘ 1.1542 65 1.3 1.5 | 1.8173
3 1.5 | 2.1 1.1677 66 1.6 2.6 | 1.8262
4 } 1.5 i 2.2 1.2064 67 11 1.7 1.8352
5 1.2 1.5 1.2158 68 1.6 14 1.8392
6 \ 1.4 2.1 1.2213 69 1.8 2.1 1.8492
7 : 1.1 14 1.2260 70 1.5 14 1.8668
8 | 1.8 14 1.2311 71 1.7 1.9 1.8768
9 1.6 2.1 1.2488 72 1.3 2.4 1.8798
10 ; 1.2 14 1.2612 73 1.4 2.6 1.8949
11 i 1.6 1.2 1.2623 74 1.5 2.5 1.9060
12 i 1.6 2.3 1.2771 75 1.1 1.8 1.9216
13 1.6 2.2 1.3178 76 1.4 2.4 1.9286
14 1.8 1.3 1.3335 77 1.2 2.5 1.9298
15 1.1 1.5 1.3503 78 1.7 1.6 1.9379
16 1.6 2.4 1.3841 79 1.4 2.5 1.9665
17 1.6 1.3 1.4028 80 1.6 2.7 2.0019
18 1.9 1.5 1.4139 81 1.9 2.1 2.0158
19 1.1 1.6 1.4285 82 1.3 2.3 2.0213
20 i 13 1.7 1.4352 83 1.2 2.6 2.0260
21 1.8 2.3 1.4404 84 1.1 2.8 2.0352
22 1.9 2.4 1.4527 - 85 1.7 1.8 2.0586
23 1.4 2.2 1.4592 86 1.3 2.8 2.0735
24 1.7 23 1.4747 87 1.2 2.8 2.0766
25 1.7 2.2 1.4839 88 1.2 2.7 2.0972
26 1.9 2.6 1.4956 89 1.5 2.7 2.1003
27 14 2.0 1.4969 90 11 2.7 2.1045
28 1.3 2.1 1.5038 91 1.3 2.5 2.1193
29 1.5 2.4 1.5172 92 1.7 2.8 21211
30 1.9 2.3 1.5209 93 1.5 2.8 2.1341
31 1.9 2.5 1.5233 94 1.7 2.0 2.1409
32 \ 1.9 2.7 1.5268 95 11 2.6 2.1556
33 | 1.8 25 1.5285 9 11 1.9 2.1576
34 ‘ 15 2.3 1.5291 97 1.2 2.2 2.1585
35 ‘ 1.8 2.4 1.5318 98 1.3 2.7 2.1680
36 1.8 1.5 1.5504 99 1.8 1.9 2.1731
37 1.7 14 1.5598 100 1.6 2.8 2.1772
38 1.7 2.4 1.5598 101 1.2 2.1 2.1948
39 1.2 1.0 1.5630 102 1.1 2.4 2.1988
40 15 2.0 1.5761 103 1.2 2.0 2.2080
41 1.7 2.5 1.5785 104 I l.a 2.7 2.2367
42 1.8 2.2 1.5765 105 1.5 2.6 2.2431
43 1.9 2.8 1.5824 106 1.8 2.0 2.2670
44 1.6 1.8 1.5896 107 1.2 2.3 2.2848
45 1.6 2.0 1.5963 108 1.2 2.4 2.2892
46 1.8 2.6 1.5966 109 1.1 2.5 2.2986
47 1.1 1.3 | 1.6011 110 1.2 1.2 2.3226
48 1.7 1.2 i 1.6133 111 1.3 2.6 2.4083
49 1.2 1.3 I 1.6145 112 1.6 1.6 2.4259
50 1.8 2.8 1.6277 113 1.1 2.3 2.4298
51 1.6 2.5 1.6289 114 1.1 2.1 2.4594
52 14 13 1.6479 115 1.1 2.0 2.4622
53 18 2.7 1.6541 116 1.9 2.0 2.5013
54 11 1.2 1.6588 117 1.3 1.3 2.5252
55 1.2 1.8 1.6692 118 1.5 1.5 i 2.5639
56 1.9 1.6 1.6813 119 1.8 1.8 ‘ 2.6452
57 1.7 2.1 1.6938 120 1.9 1.9 2.7124
58 1.3 2.0 1.7038 121 1.7 1.7 2.7300
59 14 2.3 1.7116 122 11 2.2 2.7453
60 1.5 1.6 1.7414 123 1.4 14 ; 2.8161
61 1.7 2.7 1.7693 124 14 2.8 2.8288
62 1.7 2.6 1.7909 125 1.7 1.5 ‘ 1.8004
63 13 2.2 1.7944 ‘
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1.3.3 Walker’s ratio range

The purpose of the Walker’s work [54] was to derive a relatively simple
criterion for room proportions, to encompass the majority of the area
of “good quality” rooms and exclude all of the “poor” rooms and to be
accepted as a uniform standard for high quality listing environments.
First of all Walker [55] investigated several different room quality in-
dices and he recognized the “mean square spacing of mode frequencies”
as the most important factor. In general, a rectangular room has four
principal characteristic dimensional parameters: length, width, height
and volume (any three of which are independent). A fully general
plot of the quality would therefore be four dimensional and difficult
to portray on paper. By fixing one or more of these four parameters,
the number of independent axes can be reduced. Subsequently Bolt
investigated several plot contour[8] with a fixed parameter (fig. 1.14).

Walker [54] proposed a criterion in order to modify the Draft Tech-
nical Recommendations for the Nordic Public Broadcasting Corpora-
tions [12] (fig.1.15). He improved the criterion shifting the permissible
é ratios from 1.25-1.45 towards about 1.1-1.35 in order to permit to
smaller room to fit in the criteria as well. Figure 1.16 shows a much
better basis for a criterion. The lower limit for é is of the same form
as previously, that is, a simple multiplier. In the figure 1.16 é has the
value of 1.1. This is indicated by the line a-a. The upper limit for %
has been altered to the line marked b-b. It clearly includes much more
of the usable range of “better” rooms. On the axes of % and 7, the

equation of line b-b is:
[ w
—=45——4 1.52
; h (1.52)
(The exact position of the line b-b has been chosen to make coeffi-
cients numerically relatively simple.) So the proposed new criterion for

acceptable room proportion is [54]:

1.1 (% < %) < (4.5% - 4) (1.53)

Now it is possible to evaluate, through this formula, the behavior of the

room. The effectiveness and the success of this formula is the fact that
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(a) Contour map of room quality for 200m>
room, using mean square mode spacing for
modes up to 120 Hz[54].

|
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(b) Contour map of room quality for fixed
height of 3.5 m and variable volume.

Figure 1.14: Different contour map plotted by Walker of room quality, for different fixed
parameter. After [54].
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Figure 1.15: Contour map of room ”quality” for fixed height of 3.5 m and variable vol-
ume, overlaid with room proportion design criteria from the Nordic Public Broadcasting
Corporation. After [54].

there is not complex calculation to do or theory to know. Because of
this conciseness it was selected as criteria in the ITU-R BS 1116-1 [26]
and EBU document Tech 3276-1966 [14]. Despite the fact that Bolt
[6] and Walker [54] used different method to arrive to a valid area of
room ratio, it is possible to see in figure 1.17 that the solutions overlap
in some areas.

1.3.4 Bonello’s criterion

Proof that modal resonances in rooms are an international problem,
this method of evaluating their effect comes from Buenos Aires. The
goal of the Bonello criterion [7] was to inform the designer whether
or not the three dimensions for a given room are correct. If they are
not, one or more of them should be changed, and the criterion applied
once again. It should also inform the designer about the frequency
band in which there will be coloring of sound in case the dimensions
cannot be corrected. The first step consists of calculating, by means of a
minicomputer or a programmable calculator program, each of the lower
resonance modes of the room. Equation 1.34 is used for this calculation.
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widih height ratio

length:height ratio

Figure 1.16: Contour map of room ”quality” for fixed height of 3.5 m and variable volume,
overlaid with the Walker’s criteria. After [54].

Figure 1.17: The Green contour is the Bolt’s blob, the orange one is the Walker con-
tour. The canvas comes from a Cox publication [11]. Dark areas on diagram background
correspond to room sizes with the smoothest modal characteristics; consequently, these
corresponding proportions are more acceptable while building music-rooms and control
rooms. Best proportions areas are shown in black color, gray color is given to areas of
acceptable proportions, and others are shown in white. After [40].
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It is not necessary to exceed a certain frequency or a certain order,
due to considerations already noted and based on equations 1.39 and
1.40. In the programs, which will be discussed later, the calculation is
limited to the first 48 modes. Once the eigenfrequencies of the room
are known, we analyze how many modes fall within each interval into
which we divide the frequency spectrum. If we use the simplifying
hypothesis that the ear is unable to discriminate modes within the
interval, but only the sum of their contributions to the sound energy
received within that band, it is necessary to know only the number of
modes to obtain the total sound pressure. This implies that each mode
is considered, taking in account its response to sound pressure given by
equation 1.45. In the Bonello’s opinion [7], it is this concept of energy
instead of frequency spacing that makes the criterion plausible.

One of the main point for the Bonello criterion is what bandwidth
shall we choose. The value finally adopted is one-third octave. It is
used a relative bandwidth, not an absolute one, taking into account the
logarithmic characteristic of auditory perception and the ear’s response
to musical intervals. We are also influenced by electroacoustical expe-
rience which indicates the usefulness of one-third octave as a minimum
unit of bandwidth. According to these concepts, the number of eigen-
tones falling within each one-third octave between 10 Hz and 200 Hz is
calculated; this number gives the modal density function per one-third
octave, D =F(f). The program plots modal density as ordinates and
frequencies as logarithmic abscissas (the center frequencies of the one-
third-octave bands). To analyze this curve, is important know that for

optimum room dimensions the following conditions should be met:

1. The curve D = F(f) should increase monotonically. Each one-
third octave should have more modes than the preceding one (or,
at least, an equal number if D = 1).

2. There should be no double modes. Or, at most, double modes will
be tolerated only in one-third-octave bands with densities equal

to or greater than 5.

Bonello assumed the condition that two successive bands can have the

same number of modes with D greater than 1. This condition simplifies
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Modal frequencies (Hz) Modal frequencies (Kz)
110.61 .54 65.20 115.88 69.08 73.52 147.64 22.54 .16 143,35 45.09
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Figure 1.18: Calculation of resonance modes and application of the Bonello criterion for a
studio of 60 m3. Comparsion between the relatioship 1:1.25:1.6 and 7.63:3.36:2.33. After
(7).

the requirements, even though conditions 1) and 2) of the criterion are
to be preferred in the design stage. In figure 1.18 two computer plots of
curve D = F(f) are proposed. The first one shows a room that complies
satisfactorily with the criterion, while the other room does not, and its
dimensions are not recommended for this room volume. Because of the
limited number of calculated modes, the density curve increases up to a
certain frequency and then begins to decrease. Accordingly, condition
1) should be applied only up to that frequency.

One of the most interesting part of the Bonello’s work was the
comparison between different criteria. First he analyzes the ratio rec-
ommended by Knudsen [27] for small studios, 1:1.25:1.6. This same
ratio was recommended by Olson [35] and others. He [7] validates this
ratio, like it is possible to see in figure 1.18. He standardized all ratios
for 60 m3. Some comply with both criteria (such as F and I). The lack
of correspondence for some values has been noted by other authors
and is due, besides other factors, to the room volume, an important
parameter which Bonello criterion takes into account. Thus the same
relationship can be acceptable for one size of room and acceptable for

another.
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Figure 1.19: Comparative analysis of Bolt’s criterion with that proposed by Bonello. The
ratios have been standardized for 60m®. After [7].

1.3.5 The Fazenda’s of the Modulation Transfer Function
based analysis

Recently the approach to the small room acoustic is changing. Thanks
to the higher computational power given by new computer it is possible
to use new kinds of models that avoid the approximation of the theories
discussed above. Fazenda et al. [16] concentrated on the use of the
MTF as an objective measure of reproduction quality of audio system
at low frequencies. The MTF incorporates both time and frequency
domain information and it has been suggested that it can be a useful
measure of the accuracy with which details in the low frequency sounds
are perceived. The MTF measures the ability of a system to preserve
depth of modulation from an input signal at specified frequency bands.
This can be obtained directly from the following expression:

0 i
X0 k()

Where F is the modulation frequency and h¢(n) is the discrete impulse

m(F) (1.54)

response of the system, band-pass filtered with centre frequency f. Ten
modulation frequencies are used in the range 3.15 Hz to 12.14 Hz. The
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results are then averaged over all modulation frequencies and a figure
is obtained for each of the frequency bands. The MTF response then
describes the performance of the system over the frequency range under
test. Result are bound between 0 and 1, with 1 corresponding to full
modulation preservation. A single figure score may be obtained by fur-
ther averaging all frequency bands. The Green function (eq. 1.20) has
been used as a model to generate discrete room responses at sampling
frequency F's (512 Hz). This technique is known to perform well at low
levels of damping and has been used successfully for similar work. At
high damping levels the result from the model start to diverge from the
exact conditions found in a specific room. As the model is used here to
represent generic condition found in a room rather than a specific room
response, the Fazenda approach is considered appropriate and is not
deemed to affect the overall trend of result. The length of these digital
filters has a direct consequence on the MTF results, restricting a max-
imum score obtained for the MTF and, in extreme cases (500+points),
dominating the result such that what is being measured is the response
of the filters themselves. Care has been taken to ensure that the re-
sults obtained relate to the corresponding room responses rather than
the digital filtering effects. The maximum value of the MTF has been
calibrated using the response of a delta function.

The modulation transfer function has been the basis for speech in-
telligibility systems such as the Speech Transmission Index (STT), and
therefore closely associated with assessing the subjective performance
in conveying audio information to listeners. Rating scales have been
previously defined for intelligibility scores and these are also applied
here to quantify the subjective performance of room responses.

Different room characteristics have been frequently regarded as rel-
evant factors affecting the reproduction quality at low frequencies:

Volume affecting the modal density at the very low frequencies;
Aspect ratios affecting the modal distribution;

Effective absorption affecting low frequency damping;

MTF plots of listening rooms describing their low frequency perfor-

mance correlate well to the subjective perception of quality and detail
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at low frequencies. In order to attain high MTF scores, any excessive
modal activity must be controlled and the MTF plot is therefore a use-
ful indicator of which frequency range may be the most problematic
in any given listening room. An added advantage of using the MTF
to measure room performance is that, when applied to room measure-
ments, the results will also include the performance of the loudspeakers
used, so combined MTF scores can assess different loudspeaker/room
combinations, including position-related effects. Furthermore, these
factors have a clear effect on measurements of frequency and time
responses in rooms. The relative changes produced on the scores of
the MTF for each of these factors is investigated. The influence of
source/receiver location is another important factor. However, al-
though this has not been included in the investigation, it is nevertheless
an important factor and a possible subject of further investigations.
The results suggest that volume and aspect ratio of rooms appear to
have a peripheral effect on subjective performance of rooms used for
audio monitoring, with variation of these factors not affecting signifi-
cantly the MTF scores. Investigations presented here have shown that
changing the room dimensions or sizes, despite having considerable ef-
fect on the modal distribution and range, do not significantly affect the
MTTF figure as long as the damping in the room remains typically low.
In contrast, a reduction of the decay time of room responses is mirrored
by an increase in the MTF score suggesting that lower decays afford
more precise monitoring conditions. This result is in accordance with
other works that show how any resonant low frequencies can mask the
details in other low frequency sounds, and hence can reduce the overall
bass definition in the perception of a musical signal.

1.4 ITU 1116 and EBU 3276 recommendation

The most important standard in room acoustic is the ISO standard
3382 [50]. This standard concerns the measurement calculation meth-
ods for room acoustical parameters in large rooms such as concert halls
and theatres. As this standard only concerns large rooms with a statis-

tical sound field, it is not applicable in small rooms, 7.e. critical listening
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Table 1.2: Resuming table of the ideal room ratio theory scheme.

Approach 1 Approach 2
Room shape | Rectangular Rectangular
Wall rigid and smooth Considering damping
Source X Point source
Equation Vip+kp=0 V2p 4 k?p = —iwpoq(r)
Authors Bolt[6] (1946), Louden[30] (1971), Fazenda[16](2006)
Bonello[7] (1981), Walker[54] (1992)

environments, with their distinct characteristic of a non-diffuse sound
field.

Contrary to large room acoustics, there is no standard for small
room acoustics. For the benefit of the designers as well as the users
it is convenient to have some kind of frame to refer to. To achieve a
uniform discrete multichannel system, the International Telecommu-
nication Union (ITU) and the European Broadcasting Union (EBU)
have edited recommendations. These recommendations are intended
for the use in the assessment of systems which introduce impairments
so small as to be undetectable without rigorous control of experimental
conditions and appropriate statistical analyses [26].

Concerning the design of control rooms the most important recom-
mendation is the ITU-R BS 1116-1, that concerns the listening condi-
tion. Among others recommendation this implies room acoustical de-
sign issues such as room shape, proportions, reverberation time, sound
field conditions etc.. Based on the ITU recommendations the EBU
has made three important recommendations regarding the listening
conditions. The listening conditions for monophonic and two-channel
stereophonic presentations are given in the EBU document Tech 3276-
1966 [14]. It has to be noted all the above mentioned documents are
recommendations. Therefore all of the documents cannot restrict the
designer or client. Nevertheless the documents can be used as a tool
for the designer as well as for the client in defining their demands for

the designer of a control room.

ITU-R BS 1116-1 describe the listening conditions and arrangement
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recommended. “listening conditions” consist of the complex acoustic
requirements for a reference sound field affecting a listener in a lis-
tening room at the reference listening point, for sound reproduced by

loudspeakers. This includes:
e the acoustical and geometric characteristics of the listening room:;
e the arrangement of the loudspeakers in the listening room;
e the location of the reference listening point or area;

The above cited factors are producing the resulting sound field char-
acteristics at that point or area. Since the state of the art does not
yet allow the description of the reference sound field completely and
uniquely by acoustical parameters, some geometric and room acous-
tic requirements for a reference listening room are given to ensure the
viability of the listening conditions described.

Hence every parameter below described has a tolerance limit, that

is the recommendation for a listening room.

1.4.1 Tolerance limits on the reverberation time

Until the Fifties, reverberation time was regarded as the most signif-
icant parameter for the description of the acoustical properties of a
room. Reverberation time T is defined as the duration required for the
space-averaged sound energy density in an enclosure to decrease by 60
dB after the source emission has stopped [50]. Worth mentioning that
reverberation time is more commonly evaluated on a range smaller than
60 dB on the linear regression fit of the decay curve and extrapolated
to a decay of 60 dB. The amount of overall absorbance in a listening
room is still important in establishing the general listening conditions.
If the room is excessively dead or too live and reverberant, listener
fatigue might develop and music quality may deteriorate. Technically,
the term reverberation time should not be associated with relatively
small spaces in which random sound fields do not exist. However, some
first step must be taken to calculate the amount of absorbent needed
to bring the general acoustical character of a room up to an acceptable

level. While reverberation time is useful for this purpose, it would be
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Figure 1.21: Suggested reverberation times for recording studios. The shaded area is a
compromise region for studios in which both music and speech are recorded. After [13].

unfortunate to convey the impression that the values of reverberation
time so obtained have the same meaning as that in a large space. If
the reverberation time is too long (sound decays too slowly), speech
syllables and music phrases are slurred and a definite deterioration of
speech intelligibility and music quality results. If rooms are too dead
(reverberation time too short), music and speech lose character and
suffer in quality, with music suffering more. These effects are not so
definite and precise as to encourage thinking that there is a specific op-
timum reverberation time, because many other factors are involved. In
spite of so many variables, readers need guidance, and there is a body
of experience from which we can extract helpful information. Figure
1.21 is an approximation rather than a true optimum but following it

will result in reasonable, usable conditions [13].
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Figure 1.22: Tolerance limits for the reverberation time, relative to the average value, T,
[26].

The ITU-R BS 1116-1 [26] requires a reverberation field sufficiently
diffuse over the listening area to avoid perceptible acoustical effects
such as flutter echoes. The average value of reverberation time T,,
measured over the frequency range from 200 Hz to 4 kHz should be:

Wl

T, = 0,25(V/ V) (1.55)

where V is the volume of room in m3, Vj is the reference volume of 100
m?. The tolerances to be applied to T}, over the frequency range from
63 Hz to 8 kHz are given in Fig. 1.22. The tolerance limits based on
the room volume gives for standard studio a medium result of 0,3 s,
that it is assumed also from Everest [13] as a good value for a listening
room. During the past century several formulae for predicting rever-
beration time were developed empirically and theoretically, based on
the assumption of homogeneous repartition of sound energy within the
room, and consequently uniformly distributed sound absorption. The
prediction of the reverberation time is very useful for the design of lis-
tening rooms. The first and most remarkable approach to describe the
reverberation characteristics of an enclosure was found by W.C. Sabine
[37] around 1900. Sabine established his theory on the basis of practical

results. This parameter, found by Sabine, is given by equation:
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>
T=0,16— 1.
0,16 (1.56)

where V is the volume in m? and A (m?) is the equivalent absorbing
area. The equivalent absorbing area is proportional to the absorption
coefficient of the materials and the total surface. It was discovered by
Eyring that the classical formula given by Sabine is not fulfilled when
there is considerable room absorption. Eyring pointed out in his paper
that Sabines formula is essentially a formula for a live room (@ < 0, 253)
and that the reverberation time is shape dependent[4]. He presented
the revised theory thoroughly and derived a form of the reverberation

time equation, which is more general than Sabines formula.

The Eyring formula is given by equation:

v
T-016—o 1.
P s —a) .

Where @ is the mean absorption coefficient value:

Subsequently that formula was revisited by Millington [31] and Sette
[39] and other recently by other author.

In order to characterize the room it is important to take measure-
ment of the reverberation time in all the room, but mainly in the
listening position. The distance between the loudspeakers is defined in
the ITU 1116 [26] as D (see figure 1.23) and the distance between the
loudspeakers is defined as B.

The recommendation explains that preferred limits are D = 2-3 m,
but values of B up to 5 m may be acceptable in suitably designed
rooms. The limits of the distance between the loudspeaker and the
listener ranges from 2 to 1.7 B (m). The reference base angle should
be equal to 60.
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Figure 1.23: Test listening arrangement with loudspeakers L and R for stereophonic sound
systems with small impairments
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1.4.2 Background noise in a listening room

The background noise levels in recording studios, control rooms, and
listening rooms must be kept under control if these rooms are to be of
maximum use in their intended way. Hums, buzzes, rumbles, aircraft
noises, tooting auto horns, dogs barking, or typewriter sounds are most
incongruous if audible during a lull in a program. Such sounds might
not be noticed outside the studio when they are a natural part of the
situation, but during a pause or a quiet musical or speech passage,
they stand out like the proverbial sore pollex. In a studio, interfering
sounds can come from control-room monitors operating at high level
or from equipment, in adjacent areas. Control rooms have their own
noise problems, some intruding from the outside, some generated by
recorders, equipment cooling fans, etc. There is one source of noise,
however, that is common to all sound sensitive rooms, and that is the
noise coming from the air-conditioning diffusors or grilles. A certain
feeling of helplessness in approaching air-conditioning noise problems is
widespread and quite understandable. The control of air-conditioning
noise can be expensive. A noise specification in an air-conditioning
contract for a new structure can escalate the price. Alterations of an
existing air-conditioning system to correct high noise levels can be even
more expensive. It is important for studio designers to have a basic un-
derstanding of potential noise problems in air-conditioning systems so
that adequate control and supervision can be exercised during planning
stages and installation [13]. The single most important decision having
to do with background noise is the selection of a noise-level goal. The
recommendations [26, 14] use the NR-Rating that is commonly used
in Europe, whereas the the Noise Criterion (NC) is more common in
USA. The selection of one of these contours establishes the goal of max-
imum allowable noise-pressure level in each octave band. Putting the
noise goal in this form makes it easily checkable by instruments. The
downward slope of these contours reflects both the lower sensitivity of
the human ear at low frequencies and the fact that most noises with
distributed energy drop off with frequency. To determine whether the

noise in a given room meets the contour goal selected, sound-pressure
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Figure 1.24: NR curves, Noise rating diagram based on the information of the ISO 9568
[25].

level readings are made in each octave and plotted as in figure 1.24.
The recommendations [26, 14] fix a limit for continuous background
noise (produced by an air conditioning system, internal equipment or
other external sources), measured in the listening area at a height of
1.2 m above the floor that should preferably not exceed NR 10. This
recommendation comes from the Beranek’s work [5], made in the 1971
and it was included in the ISO Recommendation R1996, but it was
withdrawn. Despite in the recommendation there are not so much

informations about measurements it is possible to use the ISO 9568
[25].






Chapter 2

Loudspeakers in room

A loudspeaker is an electroacoustic transducer that produces sound in
response to an electrical audio signal input. To adequately reproduce
a wide range of frequencies, most loudspeaker systems employ more
than one driver, in particular to reach higher sound pressure level or
maximum accuracy. Individual drivers are used to reproduce different
frequency ranges. The drivers are named subwoofers, for very low fre-
quencies; woofers for low frequencies (see figure 2.1); mid-range speak-
ers for middle frequencies (see figure 2.3); tweeters for high frequencies
(see figure 2.1); and sometimes supertweeters, optimized for the highest
audible frequencies. The terms for different speaker drivers differ, de-
pending on the application. In two-way systems there is no mid-range
driver, so the task of reproducing the mid-range sounds falls upon the
woofer and tweeter. When multiple drivers are used in a system, a
“filter network”, called crossover, separates the incoming signal into
different frequency ranges and routes them to the appropriate driver.
A loudspeaker system with n separate frequency bands is described as
“n-way speakers”: a two-way system will have a woofer and a tweeter;
a three-way system employs a woofer, a mid-range, and a tweeter.
Most loudspeaker systems consist of drivers mounted in an enclo-
sure, or cabinet. The role of the enclosure is to provide a place to
physically mount the drivers and to prevent sound waves emanating
from the back of a driver from interfering destructively with those from
the front; these typically cause cancellations (e.g. comb filtering) and

significantly alter the level and quality of sound at low frequencies.

67
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Figure 2.1: Cutaway view of a dynamic loudspeaker for the bass register. 1. Magnet 2.
Voicecoil 3. Suspension 4. Diaphragm.

Figure 2.2: Cutaway view of a dynamic tweeter with acoustic lens and a dome-shaped
membrane. 1. Magnet 2. Voicecoil 3. Membrane 4. Suspension.

Figure 2.3: Cutaway view of a dynamic midrange speaker.1. Magnet 2. Cooler (sometimes
present) 3. Voicecoil 4. Suspension 5. Membrane.
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The simplest driver mount is a flat panel (i.e. baffle) with the drivers
mounted in holes in it. However, in this approach, sound frequencies
with a wavelength longer than the baffle dimensions are canceled out,
because the anti-phase radiation from the rear of the cone interferes
with the radiation from the front. With an infinitely large panel, this
interference could be entirely prevented. A sufficiently large sealed box
can perform this behavior. Since panels of infinite dimensions are not
feasible, most enclosures function by containing the rear radiation from
the moving diaphragm. A sealed enclosure prevents the transmission
of the sound emitted from the rear of the loudspeaker by confining the
sound in a rigid and airtight box. Techniques used to reduce transmis-
sion of sound through the walls of the cabinet include thicker cabinet
walls, lossy wall material, internal bracing, curved cabinet walls or
more rarely, visco-elastic materials (e.g. mineral-loaded bitumen) or
thin lead sheeting applied to the interior enclosure walls. However, a
rigid enclosure reflects sound internally, which can then be transmitted
back through the loudspeaker diaphragm resulting in degradation of
sound quality. This effect can be reduced by filling the enclosure with
absorptive materials, such as glass wool, wool, or synthetic fiber bat-
ting. The internal shape of the enclosure can also be designed to reduce
this effect by reflecting sounds away from the loudspeaker diaphragm,
where they may then be absorbed. Other enclosure types alter the rear
sound radiation so that it can interfere constructively with the output
from the front of the cone. This kinds of enclosures (including bass re-
flex, passive radiator, transmission line, etc.) are often used to extend
the effective low-frequency response and increase low-frequency output
of the driver.

The radiation pattern a plot graph of an index that indicate how
much of the total energy from the source is radiating in a particu-
lar direction. It is important to know the typical radiation pattern
of conventional loudspeaker in order to understand the result of the

measurements.

Figure 2.5 shows three polar plots of low frequency loudspeaker ra-
diation. The first pattern (a) is that of a dipole source. This is the

typical radiation pattern of a conventional woofer on a simple open



70 Loudspeakers in room

Drrivver

Part or wvent

Figure 2.4: Bass reflex enclosure schematic cross-section.
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Figure 2.5: Loudspeaker radiation patterns at low frequencies: (a) Dipole source; (b) True
infinite baffle; (¢) Monopole source (such as a sealed box). After [33].
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baffle board. The effect is also typical of the flat electrostatic loud-
speakers with open backs. When the diaphragm is driven forwards, a
positive pressure is generated in front of the diaphragm and a negative
pressure is generated behind it. The lack of enclosure behind the loud-
speaker allows the pressure to equalize at the sides, simply by traveling
around the edges of the baffle. The size of the baffle board on which
the loudspeaker is mounted determines the frequency below which the

cancellation will be effective.

Assuming a perfect source, for a listener seated directly in front of
the loudspeaker, the perceived frequency response will be down to the
frequency where the cancellation begins due to the finite size of the
baffle. Below the cancellation a roll-off will begin, which will finally
reach 18 dB-octave. For a listener on the extended line of the baffle,
i.e. listening from side-on, the pressure radiated at the front and rear
of the loudspeaker diaphragm will be equal and opposite, and hence
they will cancel. This explains the null that appears on both sides of
the source in figure 2.5 a. If the baffle could be extended to infinity in
all directions of its plane, such cancellation would not exist. Hence, for
the same drive conditions as shown in a the radiation pattern would
be as shown in figure 2.5 b. Here the areas of positive and negative
pressure still exist at the front and rear of the driver, but the truly in-
finite baffle has prevented the cancellation from occurring around the
sides. The radiation pattern becomes a sphere, with the baffle dividing
the region of positive and negative pressure. The term infinite baffle is
often wrongly used to describe a sealed box loudspeaker. Figure 2.5 (c
shows how the sealed box in fact resembles more a monopole source.
A monopole source describes the radiation pattern of a small pulsat-
ing sphere (compared with the wavelength involved). As the sphere
cabinet is completely enclosed and in free space, a positive pressure
in front of the diaphragm would also radiate in all directions at low
frequencies, with the negative pressure being trapped inside the box
as the diaphragm moves outwards. As the frequencies rise to a point
where the wavelength begins to equal the circumference of the radiat-
ing diaphragm, the radiation angle begins to narrow. This is shown

in figure 2.6. Here it can be seen that, at positions off-axis, the dis-
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Figure 2.6: Radiation from a sealed box loudspeaker. After [33].
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Figure 2.7: Directivity versus frequency in a conventional box loudspeaker. After [33].

tance to the nearest and farthest points on the radiating diaphragm are
such that the path length difference to the listening position becomes
out of step by half a wavelength, and hence the radiation from these
points cancel. When this point is approached, i.e. where the uniform
forward radiating angle becomes too narrow, it is customary to cross
over to a smaller loudspeaker, in order to avoid the forward beaming
of high frequencies. In most full range loudspeaker designs there is
a gradual narrowing of the response towards the mid frequencies and
then, by means of selecting drivers of the appropriate source sizes, that
response angle would be maintained until the highest frequencies.

The typical radiation pattern of a conventional box loudspeaker is
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Figure 2.8: Diffraction sources. Representation of the sudden increase in the rate of
expansion of a wavefront at a sharp edge. The diffracted wave in the region round the
corner has the same phase as the incident wave on the edge, but the diffracted wave,
traveling back from the edge towards the source, is phase-reversed. After [33].

shown in figure 2.7.

The diffraction plays a key role when considering the shape of the
loudspeaker. Figure 2.8 shows the diffraction caused by the edges of
loudspeaker cabinets. Effectively what happens is that the expanding
radiated wave travels along the front surface of the loudspeaker cabinet
until it arrives at a discontinuity, such as the cabinet edge. From this
point on it suddenly has to expand more rapidly around the corner,
but the same pressure cannot be sustained in the new, larger volume
into which it expands. This sudden increase in expansion rate is due
to a change in acoustic impedance, and any change in impedance will
send back a reflected wave. The radiation that turns the corner is in-
phase with the source, but the reflected wave, due to the sudden drop
in pressure, radiates back to the source out of phase. This gives the
effect of a spherical type of wave expansion that appears to emanate
from the corner discontinuity, giving to the listener the effect shown
in figure 2.9. The total effect may be considered as though the loud-
speaker were mounted on an infinite baffle, but with additional sources
mounted at the positions of the cabinet edges. Objects in any room
in which a loudspeaker may be positioned, and especially objects close
to a loudspeaker can all act as diffraction sources, disturbing in yet

another way the free-field response of a loudspeaker.
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Figure 2.9: Cabinet diffraction. The sharp edges of loudspeaker boxes, mixing console
meter bridges, and any other abrupt cross-sectional changes between the loudspeakers
and the listener will form secondary diffraction sources that can smear the stereo imaging.
It is to help to avoid this problem that many loudspeaker cabinets have rounded or bevelled
edges. After [33].

2.1 Sound power and sound intensity

A sound source radiates power and this results in a sound pressure.
Sound power is the cause, whereas sound pressure is the effect. It
is possible to make the following analogy: an electric heater radiates
heat into a room and temperature is the effect. Temperature is also the
physical quantity that makes feel hot or cold. The temperature in the
room is, first of all, dependent on the room itself, the insulation, and
whether other sources of heat are present. But for the same electrical
power input, the heater radiates the same power, no matter what en-
vironment it is in. The relationship between sound power and sound
pressure is similar. What it is possible to hear is the sound pressure

but it is caused by the sound power emitted from the source.

A too high sound pressure may cause hearing damage. So when
trying to quantify human response to sound, such as noise annoyance
or the risk of hearing loss, pressure is the obvious quantity to measure.
It is also relatively easy to measure: the pressure variations on the
eardrum we perceive as sound are the same pressure variations which

are detected on the diaphragm of a condenser microphone.

The sound pressure that it is possible to hear, or measure with
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Figure 2.10: Images that explain the thermal analogy with the sound field. After [9]

a microphone, is dependent on the distance from the source and the
acoustic environment (or sound field) in which sound waves propagate.
This in turn depends on the size of the room and the absorbency of
the surfaces. So by measuring sound pressure we cannot necessarily
quantify how much noise a machine makes. We have to find the sound
power because this quantity is more or less independent of the environ-

ment and is the unique descriptor of the noisiness of a sound source.

Any piece of machinery that vibrates radiates acoustical energy.
Sound power is the rate at which energy is radiated. Sound intensity
describes the rate of energy flow at a point, that is, through a unit
area. In the SI system the unit area is 1 m? and hence the units for the
sound intensity are Watts per square meter. Sound intensity also gives
a measure of direction as there will be energy flow in some directions
but not in others. Therefore sound intensity is a vector quantity as
it has both magnitude and direction. On the other hand pressure is
a scalar quantity as it has magnitude only. Usually we measure the
intensity in a direction normal to specified unit area through which the
sound energy is flowing.

It is also to be stated that sound intensity is the time-averaged rate
of energy flow per unit area.

In mathematical terms sound intensity is the time-averaged of the
vector I(t) instantaneous sound intensity in time-stable sound field:

I =limp o & [ I(t)dt (2.1)

T in this case is the integration period and I(t) is the instantaneous
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Figure 2.11: Schematic explanation of the sound intensity and sound power. After [9].

sound intensity that is defined as:

I(t) = p(t) x u(t) (2.2)

where p(t) is the istantaneaous sound pressure in a point, u(t) is the
local instantaneous sound velocity in the same point and t is the time
in second.

While pressure can be measured with a single microphone, to mea-
sure the particle velocity it is necessary to measure pressure gradient
(the rate at which the instantaneous pressure changes with distance)
with the linearized Euler equation.

Euler’s equation is essentially Newton’s Second law applied to a
fluid. Newton’s Second law relates the acceleration given to a mass to
the force acting on it. If we know the force excited and the mass, we
can find the acceleration and then integrate it with respect to time to
find the velocity.
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Figure 2.12: Two closely spaced microphones that are ables to obtain a pressure gradient
by taking the difference in pressure and dividing by distance between them. After [1].
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oo [Ea 2

In Euler’s equation the pressure gradient accelerates a fluid of den-

F
m

sity p. Given the pressure gradient and the density of the fluid, the
particle acceleration can be calculated. Its integration then gives the

particle velocity.

1
a=—-Vp 2.5
; (2.5)
in one direction 9 N 1 0p 6
ot por '
10p

The pressure gradient is a continuous function. With two closely spaced
microphones it is possible to obtain a straight line approximation to the
pressure gradient by taking the difference in pressure and dividing by
the distance between them. This is called a finite difference approxima-
tion. It can be thought of as an attempt to draw the tangent of a circle
by drawing a straight line between two points on the circumference.
The pressure gradient signal must now be integrated to give the par-
ticle velocity. The estimate of particle velocity is made at a position
in the acoustic centre of the probe, between the two microphones. The
pressure is also approximated at this point by taking the average pres-

sure of the two microphones. The pressure and particle velocity signals
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are then multiplied together and time averaging gives the intensity. So

the particle velocity is:

1 [pB—pa
_ - [ PBPay, 2
" ,0/ Ar 28)

where Ar is the distance between the two microphones. The pressure

1s:

PA+ DB
= - 2.9
) (29)
Hence the sound intensity is:
Pa + DB
I= = — dt 2.10
pu 20AT / (pB — pa) ( )

2.2 Sound intensity measurement techniques

This section deals with the theoretical and practical aspects of sound
intensity and sound power measuring instruments. Developments in
acoustic measurement instrumentation have not accompanied the gen-
eral development of acoustic theory. It was not until 1932 that the first
acoustic intensity meter was patented by Olson [34]. He developed a
system that calculated the average product of signals originating from a
pressure microphone and a ribbon microphone sensitive to the pressure
gradient. Subsequently a lot of authors investigated on the whole two
types of intensity level meters using the two microphone principle. The
sound intensity analyzing system, using the two microphone principle,
consists of a probe and an analyzer. The probe simply measures the
pressure at the two microphones separated by a distance Ar. Sound
intensity can be computed equivalently using two main techniques: ei-
ther directly using integrators and filters to implement the equation
step by step, or by using a FF'T analyzer, that relates the intensity to
the imaginary part of the cross spectrum of the two microphone signals.

Usually the probe has two microphones mounted face to face with
a solid spacer in between. This arrangement has been found to have
better frequency response and directivity characteristics than side-by-
side, back-to-back or face-to-face without solid spacers arrangements.

Three solid spacers define the effective microphone separation: 6, 12
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or 0 mm; The choice of spacer depends on the frequency range to be
covered. Half-inch microphones are used for lower frequencies. While
quarter-inch microphones are used at high frequencies to reduce inter-
ference effects. The directivity characteristic for the sound intensity
analyzing system looks like a figure-of-eight pattern- known as a co-
sine characteristic. This is due to the probe and the calculation within
the analyzer. Since pressure is a scalar quantity, a pressure transducer
should have an equal response, no matter what the direction of sound
incidence. In contrast, sound intensity is a vector quantity. With a
two-microphone probe, we do not measure the vector; we measure the
component in one direction, along the probe axis. So it is possible to
measure the normal sound intensity, that is defined as the component
of sound intensity in the perpendicular direction to the measurement
surface, defined from the normal unity vector n.

I,=Ixn (2.11)

where n is the normal vector directed out to the volume surrounded by
the measurement surface. The full vector is made up of three mutually
perpendicular components (at 90 to each other)-one for each coordinate
direction.

For sound incident at 90 °to the axis there is no component along
the probe axis, as there will be no difference in the pressure signal.
Hence there will be zero particle velocity and zero intensity. For sound
incident at an arbitrary angle 6 to the axis, the intensity component
along the axis will be reduced by the factor cosf. This reduction pro-
duces the cosine directivity characteristic. The value approaching the

component of the acoustic intensity is, according to equation 2.7:

= a4 ) [ =i 2.12)

This formula is derived from the sound pressure signals captured
from two microphones as a function of time. The schematic represen-
tation in figure 2.13 shows the structure of a measurement instrument
that uses analogue electronic circuits.

The most in important development in this measurement is due by
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Figure 2.13: Schematic of the structure of a time based acoustic intensity meter[1].

=

the use of the numerical algorithm fast Fourier transform (FFT). If
some filters (one-third octave for example) were included in the cir-
cuit, one would obtain a spectral analysis of the acoustic intensity.
For stationary signal, one notes an equivalent spectral representation

according to equation 2.7:

oo dw
I, = I, (w)— 2.13
| g (213)
Where I,,(w) is the spectral density of the intensity represented by the
real part of the cross spectrum between pressure and velocity (Parseval

theory):
I, = Re{S,.} (2.14)

By using Euler’s relationship in terms of the Fourier transform and
approximation for % and p, it is possible to reach an expression of the
spectral intensity using the imaginary part of the cross spectra of the

pressure signals obtained from the two microphones.

1

I, =
poAr

R@{Sgl} (215)

This formula is a significant development in the two-microphone method
as it offers a simple measurement system for acoustic intensity using
FFT spectra for 2 channels: the principle is illustrated in figure 2.14
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Figure 2.14: Diagram of an acoustic intensity meter based on FFT analysis [1].

2.3 Radiation pattern measurement using the UNI
EN ISO 9614

The measurement of sound power using sound intensity would not be
possible without a strict definition of the measuring equipment. These
requirements are grouped in the international standard IEC1045 [10],
the North American equivalent being named ANSI S1-12 [2]. This
standard classifies the measurement instruments into two categories:
Type 1 and Type 2. Amongst other requirements, it specifies a min-
imum pressure-residual intensity index 0 Ply of the intensity measure-
ment system at each frequency, and for every probe configuration used.
The ISO 9614-1 [52] is the international standard that defines and spec-
ifies how to measure the power level of a fixed sound source, measuring
the sound intensity on a surface that surrounds the source. The mea-
surements standards are classified according to the methodology used:
measurements at discrete points and measurement by scanning.

The discrete points technique is described in the international stan-
dard ISO 9614 part 1 [52] and their national equivalents. The North
Americans have adopted the standard ANSI S1-12 [2], which is greatly
different from the ISO9614-1 [52] standard, especially for the number
of field indicators to validate the measurement results. The scanning
technique is more recent. It is described in the international standard
ISO 9614 part 2 and their national equivalents. This technique aims
at lightening the measurement process in order to obtain results faster,
but at the expense of a lower grade of accuracy.

The UNI EN ISO 9614 [52] requires that the choice of the positions

and of the shapes be made avoiding to take measurement on the re-
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Figure 2.16: Best measurement surface shapes. 1. Parallelepiped 2. Hemisphere 3.
Cylinder 4. Hemicylinder [52].

flective or absorptive surfaces. Furthermore in the annex are listed the
parameters that should be respected in order to have a representative
result. In fact, the sound power radiated by a source is defined by the
surface integral of the normal component of the intensity vector I,.
The surface S is a closed surface that englobes the sound source under
investigation. In practice the surface is consituted of N smaller discrete
surfaces. The surface surrounds that the sound source it could assume
different shapes (see fig. 2.16)

The time integration required from the instruments, that use white

noise filter with a gaussian distribution, should be:

BT > 400 (2.16)

where B is the filter bandwidth expressed in Hz and T is the integration

time expressed in s. This limit ensures a maximum error of 5%.



Chapter 3

The design of the listening

room

In order to build a professional listening room, there are many issues
to be satisfied that sometimes go beyond acoustics. First of all, it is
very important that the room can be used in the working time without
disturbing, or being disturbed by, anything or anybody in the local
community. It is very rare to have the possibility of choosing an isolate
area where to build a listening room. The awareness of how much space
can be consumed by acoustic insulation, plant and structures can be

very important.

Old buildings often lack of adequate plans and the acoustic proper-
ties of the materials used are often unknown. So in most of the cases,
in order to ensure the result, the listening room has to be completely
re-built. Concrete, steel and plasterboard are relatively cheap materi-
als, but it is necessary to control if structures can cope with supporting
a lot extra weight, provided that the design of the room matches with
architectural and plants constraints.

The studio should always provide an adequate supply of clean, fresh
air, in a temperature and humidity-controlled environment. General
comfort is an important issue, as comfortable musicians are inclined
to play better than uncomfortable ones, and comfortable listener are

inclined to judge better than uncomfortable ones.

Last but not least the everlasting financial problems, in recording

83
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Figure 3.1: Section of the laboratories. The room in question is in the red circle

studios and in listening room. The acoustic engineer has to deal with
the financial problem in every aspect of the design.

In the present chapter financial problem will be ignored and the
main aspects of the listening room design will be discussed applied to
the case study room. In particular, the focus will be on:

1. Architectural design
2. Room acoustic design

3. Plant design

3.1 Architectural design

The case study room is located in the laboratory of environmental
physics in the Department of Industrial Engineering.

In order to create the room it was realized an aperture 2.05x1.20 m
with a lintel and there was installed a REI 120 door. Subsequently it
was built a masonry wall in thermal hollow bricks. Considering plaster
on both sides, the total width is 22 cm.

The new available space is a room in the industrial building of the

laboratory. The floor area measures 52.5 m? and it is made in quartz
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:‘3 | request to realize an acoustic
laboratory: “the listening room”.
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Figure 3.2: Planimetry of the laboratories in via Terracini 34 EX-Dienca. The listening
room in question is in the blue circle. The other room in the blue circle are the already
existing measurement laboratories of sound insulation of building elements.
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Figure 3.3: An area of the department plan: the yellow wall is new, the red part is the
new aperture, the green area is the room

floor hardener. The ceiling is a TT roofing beam. Because of this
ceiling, the room height varies from 3.5 m to 2.9 m. The total volume
is 182.7 m3. The front wall was in reinforced concreate, the wall on the
right was made in hollow brick with a layer of plaster, placed on this
wall at the height of 2.5 m there is a ribbon window. The wall on the
left side, where it is placed the outer door is made in hollow brick as
well, with two layers of plaster. The regular rectangular plan shape is
interrupted at the corner by the reinforced concreate pillars, as seen in
figure 3.3. The term left, right, rear and front is the same used in the
chapter for the listening room.

A “room within a room” construction stops noise getting in, that
means that an inner shell was build. In order to use the maximum
available space of the existing installation area, the room is designed

using plasterboard, which ensures a maximum flexibility.

Hence the lightweight partition wall and the entire structure con-
sists of an aluminum stud frame construction. This frame creates the
supporting structure for the plasterboard sandwich panels.
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Figure 3.4: Photos of the progressive manufacturing progress of the wall in masonry
plastered. Pictures taken in 26,/06/2013.



88 The design of the listening room

audio
filled with plant
damping materi D — C
EEE i
: = "
- External wall
| with existing
T EE "
B windows
filled with
: absorbing
i material
A . - A
, filled with
b absorbing material
filled with loudspeaker
absorbing material forniture
0 50 100 200 400

Figure 3.5: Listening room plan.
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Figure 3.6: Two trasversal cross-section. The once above show the front wall, the second
the rear one.
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Figure 3.7: Two cross-section. The once above show the wall on the right side, the second
the left side.
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Figure 3.8: 3-D detail of the wall on the left side.

In figure 3.7 is possible to see that the plasterboard on frame system
is built respecting an offset to the old unfinished area, in particular the
wall are placed reconstituting the rectangular shape. The inner shell
has a door as well, that permits to avoid weak point in the insulation
system. With the same aim the walls are extended to the intrados of the
TT roofing beam. The wall on the left side, as seen in figure 3.8, shows
that two assembled plasterboard panel were used to reduce noise, worth
mentioning that in that side there is a window that communicates with
the outdoor part of the building. The main problem in the wall on the
left side is the cavity. Here the simple summation of the calculated
isolation provided by each individual section of the complete structure
cannot be relied upon to give the isolation of the whole system. It
is that internal reflexions can be set up between the layers, which can
add re-reflected energy to the forward-going propagation. This is shown
diagrammatically in figure 3.9.

The reduction of this effect requires fibrous layers in the various air
spaces. Because of that every cavity was filled with porous absorptive
material, highlighted also in plan.

In the front wall a cavity was left in order to locate the furniture

for an extra sound source and to guarantee the de-coupling between
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Figure 3.9: Re-reflexion between layers. Resonant build up in air cavity can reduce
isolation in a similar way to which the build up of reverberant energy in a space can make
a source louder than it would be in free-field conditions [33].
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Figure 3.10: Assembly furniture drawing, plans and elevation and photo of the furniture
final realization.

source and structure.

That particular furniture was manufactured customized and was
assembled as shown in figure 3.10. In order to avoid undesired contacts
between plasterboard and the customized furniture, there is a layer of
neoprene gasket, whereas in the matter to prevent the cavity resonance
it was used polyurethane aggregate.

The rear wall has a similar plasterboard detail but the most external
layer is a brick wall (as seen in fig. 3.12).

The plasterboard structure creates a sort of shell and it was chosen
to use plasterboard also for the ceiling system. The ceiling is the more
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Figure 3.11: Furniture photo taken after and before be placed in the wall. In the second
one it is possible to see that is filled of damping material. In the third one is possible to
see the final solution.

Figure 3.12: 3-D detail of the rear wall.
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Figure 3.13: Covering plan of the plasterboard suspended structure.

complicated structure of the entire project. The ceiling shape has to

satisfy several requirement:
e To exploit the maximum height;

e To avoid parallelism between ceiling and pavement, where it is

possible;
e To take in account the plant design;
e To permit the placing of the air conditioning split.

The ceiling plasterboard system is suspended, using suspension rods
fixed every 50 cm to structural support.

In the figure 3.13 is shown the ceiling plan. The ceiling shape is due
to the necessity to fix the metal rail and to the fact that is important
exploit the height of the room.

Obviously the doors ensure a good fireproof quality, and respect
the standard of UNI 9177 [47]. It is very important for listening rooms
the characteristic to be flexible. Because of that it was designed a
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Figure 3.14: Progressive picture of the ceiling construction process. Pictures taken in
14/11/2013.
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Figure 3.15: Two test listening arrangement, before and after rotating the panels.

mechanical element (fig. 3.17) that allows to change the orientation of
panels, thus changing the reflection zone. The innovation of this panel
is to ensure a good acoustic quality in more then one position. Hence
these tilting panels are able to change the boundary condition, giving
more shape option. As shown in figure 3.15 the room can perform two
listening positions: the first one is coincident with % of the chamber
length (square in figure 4.10) and the second one is coincident with % of
the chamber length. These two positions were chosen in order to avoid
maximum or minimum peaks of an hypothetical stationary wave. The
main listening position according to the ITU recommendations [26] is
the one coincident with % of the chamber length. Depending on these
two positions the tilting frame for the loudspeaker was designed.

As it is possible to see in figure 3.17, this mechanical system is
bonded to the ceiling and to the pavement by metal guides. This
metal guides allow to have a sliding. On this mechanical system panels
in OSB are mounted with 1.5 cm of thickness and 600 % of density,
leaving only a window on the loudspeaker support. These panel were
mounted in order to avoid undesired modes related to the constraints
and boundary condition. Hence angle plates were linked with the me-
chanical system and connected with the OSB panels with screws. The
angle plates were placed randomly in order to avoid symmetries and
modes. Finally a frame was placed in order to plug the loudspeaker sup-
port. The material of these frame is MDF with wood filler. Medium-
density fiberboard (MDF) is an engineered wood product made by
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breaking down hardwood or softwood residuals into wood fibers, often
in a defibrator, combining it with wax and a resin binder, and form-
ing panels by applying high temperature and pressure. The density of
these panel is about 800 %.

The height of all the monitor loudspeakers, measured to the acous-
tical centre of the tweeter, should be about 1.2 m above floor level.
This represents the ear height of a seated listener. The orientation of
the loudspeakers should be such that their reference axes should pass
through the reference position at a height of 1.2 m.

3.2 Room acoustic design

The room acoustic design is not a perfect science, sometimes different
choices depend on the professional listening room designer. The acous-
tical design of listening rooms has come of age during the past decade.
Fazenda et al. [17] recently carried out a study in order to identify
common languages, views and preferences of professionals using audio
listening rooms. Preferences and views regarding reverberance, stereo
image, envelopment, positioning of monitors and other parameters are
discussed. In this work, as in the most of the listening room, the
frequency response, especially at low frequencies, and the spatial dis-
tribution of sound levels and spectrum in the room are still difficult
problems for control room users. Further investigation should concen-
trate on the equalization of the listening area in such a way that this
could be designed to be larger than it is usually found in contemporary
control rooms. One other factor that has been identified is the exten-
sive use of near field monitoring: the problems arising from this are
widely discussed in the work mentioned above. Design considerations
could include acoustic control for the radiation from near field speakers
as well as main monitors.

The room has to be as isolated as possible to avoid structure-borne
external noise as well as airborne sound. In order to prevent this kinds
of noise, the room has to be uncoupled from the other rooms of the
building. In our case, the adjacent test chambers have embedded damp-

ing system. The stair could have transmitted vibration, but the struc-
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Figure 3.16: Room reflection system: front view, cross section and details.
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Figure 3.17: Room reflection system details and panels dimension.
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Figure 3.18: Transmission through real panels [18].

tural system is not coupled with the room. So the pavement does not
have any insulation problem.

Using this construction technology it is important follow the main
goal with awareness of the insulation phenomena. It is known [42] that
a great influence on the ability of any structure to provide sound insula-
tion is that of damping. Damping is the degree to which a propagating
wave within a material or structure is internally absorbed, normally
by the conversion of the vibrational energy into heat [33]. Further-
more the scientific literature [42] illustrates which laws are used for the
insulation phenomena (fig. 3.18).

The plasterboard panels are assembled as a sandwich, and the
medium material is agglomerated polyurethane foam flexible open cell
structure density of 340 kg/m? and thickness 4.0 mm and the commer-
cial name is CIRFONIC®. This assembled panel works as a mass -
spring - mass system (fig. 3.19). Thanks to the damping capacity of
the medium material the system is highly efficient in noise reduction.

For noise control, the focus of attention is naturally on absorbers to
remove energy. However, in architectural acoustics, both absorbers and
diffusers have a role in creating a good acoustics. Acoustic absorption is
the property which a material possesses of preventing sound from being
reflected back. In this sense the absorption coefficient refers not only to
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Figure 3.19: Assembled plasterboard structure detail.

Table 3.1: Summary table of main data of CIRFONIC®.

Main data Unity Value Tolerance Reference standard
Thikness mm 5 3% UNI EN ISO 13163
Width m 1,5 1% -
Length m 10 1% -
Density p kg 70 20% UNI EN ISO 854
Coloration - variable - -
Thermal Conductivity A mﬂK 0.033 - UNI EN ISO 12667

the sound internally absorbed, but also to that which is allowed to pass
through. For the selection of the absorber material several things must
be considered; the frequency range that has to be covered (including
the requirements regarding chamber performance), the size of the place
of installation as well as the respective costs.

There are several ways to absorb sound using porous absorptive
material or resonant absorbers.

The main work of absorption is made by the polyester fibers. This
material can be considered a porous absorptive material because of its
open cell on the external surface. Cirfiber®is a sound-absorbing panel
in polyester fibers bonded, produced by CIREDILIZIA. It is a a specific

product for sound absorption of walls and ceilings. The summary of
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Figure 3.20: Absorption coefficients for normal incidence measured with the Kundt’s tube.

the main characteristics is in the table 3.1.

Table 3.2: Summary table of main data of Cirfiber®.

Main data Unity Value Tolerance Reference standard
Thickness mm 80 3% UNI EN ISO 13163
Width m 0.6 1% -
Length m 1.2 1% -
Density p kg 9,89 20% UNI EN ISO 854
Recycled content % 100 - UNI EN ISO 14021
Coloration - variable - -
Class of smoke - F1 - AFNOR F 16-101
Reaction to fire - 1 - UNI 9177
Thermal Conductivity A mﬂK 0.0377 - UNI EN ISO 12667
Class sound absorption - C - UNI EN ISO 354:2003 [51]

In attachment is available the absorption coefficients (see fig. 77),
for normal incidence. In order to obtain this result there were m<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>