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1. INTRODUCTION
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What is architectural acoustics?

Architectural Acoustics is a science about sound, about architecture, and about people. The science of achieving good
sound in every space, respective to its function.

Animation 1. History of Architectural Acoustics.
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People and sound

HUMAN BEINGS are immersed in sound environment,
whether they are inside or outside architectural structures
– indoor and outdoor sound environment. Being constantly
influenced by different sound sources, it is often hard to realise how strongly they affect everyday well-being. Sounds
of music, birds’ tweeting, children’s laughter create positive
reinforcement for human psyche, while constant, persistent
humming of machines, diversified noise made by moving vehicles or high-pitched tones from factories can cause stress,
anxiety or even hearing disorder during long exposure.
There is a distinct difference between indoor and outdoor
sound conditions. Outside, where no barriers can be observed,
sound migrates freely through the air until level of energy of
acoustic waves decreases and cannot be heard any longer.
Situation changes in interiors, where sound sources enveloped (by walls, ceilings and floors) indoor or outdoor, produce
direct sound which bounces off all obstacles. The reflections
multiply and continue to migrate in the internal space creating various types of sound impressions, perceived by people.
Hence, it seems crucial for architects to get acquainted with
such processes in order to create space which is friendly for
their users.

Animation 2. People and sound animation.
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Acoustician and Architect
– Interaction

ACOUSTICS has always been a part of architecture. Invisible,
mutual permeation of both has greatly determined feeling of
comfort and well-being within various interiors. Excessive reverberation times or echo made castles and churches of the
Middle Ages look mysterious and small chambers created
favourable conditions for conversation and intimacy. Nowadays, this relatively new field of science is growing in importance as accuracy of acoustics determines not only the quality of space, but also human health. In times of intensive road
or air traffic noise coming from industry, devices and omnipresent media, the role that an acoustician plays in architectural design becomes increasingly important if not priceless.
Nevertheless, we can still observe certain unwillingness of
architects to benefit from support that acousticians may provide in projects, lack of understanding of important issues
connected with sound or ignoring solutions that could significantly influence users’ comfort.
Besides an obvious economical reason – additional or nonstandard solutions always increase costs of investment – the
other is insufficient knowledge of acoustics by architects and
vice versa as well as absence of common ground for effective
communication between specialists from both fields. The latter results from two negative factors: the first is underestimation of possibilities in noise reduction and increase of comfort
of sound field in interiors, the second is difference in professional language that both trades use. Architects, in the main,
use drawings in order to depict space, while acousticians apply the language of physics to show correlations describing
sound.

Present Multibook bridges these two fields of knowledge
where the language of physics merges with the language of
images.

Figure 1. Architect <-> Acoustician interaction.
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2.1. SOUND WAVES

1 Speed of sound
2 Frequency, wavelength and amplitude of sinusoidal sound waves
3 Frequency Spectrum
4 Sound absorption, reflection, diffraction and scattering

SOUND IS THE EXPRESSION OF A WAVE phenomenon in
which a mechanical disturbance propagates with a certain
speed in a medium (gas, liquid, solid, or plasma) while the particles themselves are not transported. The propagating time
dependent changes regarding pressure and particle velocity
also involves transport of energy and information (Figure 1).

Figure 1 „Sound wave propagation”
Sound waves in fluids are longitudinal, i.e. the wave induced
particles’ direction of motion is parallel to the wave transmission path. In solids, there are also transverse waves, for
which the particle motion is perpendicular to the direction of
propagation of the motion inducing wave.

1

Speed of sound

THE SPEED AT WHICH A WAVE IS TRAVELLING, depends not
so much on the propagating disturbance, but rather on the
elastic modulus [Pa] and density [kg.m -3] of the medium in
which the wave is propagating. The speed of sound plays an
important role in many acoustic phenomena, in particular in
those involving standing wave resonances (see further), atmospheric bending of sound waves, and reverberation.
Sound waves travel faster as the medium has a larger
modulus and a smaller density. As a consequence, sound
travels faster in liquids (e.g. the speed of sound in water is
about 1500 m·s -1) than in air (the speed of sound in dry air
at 20°C is 343 m·s -1)
The speed of sound in different kinds of concrete lies between
3500 - 5000 m·s-1, in glass the speed of longitudinal sound
waves lies between 4000 - 5000 m·s-1. In case of non-homogeneous materials, such as hard wood, the speed of sound is
larger along the fibres (around 4000 m·s-1) than across them
(around 1000 m·s-1).
Table 1. Typical values for sound wave quantities in some
materials.
sound speed
c [m.s-1]

wavelength λ
for 1Hz

wavelength λ
for 1 kHz

wavelength λ
for 1 MHz

air

344

344 m

34.4 cm

344 µm

helium

970

970 m

97 cm

970 µm

water

1500

1500 m

15 cm

1.5 mm

glass

5700

5700 m

57 cm

5.7 mm

aluminium

6400

6400 m

64 cm

6.4 mm

diamond

10000

10000 m

10 km

1 cm

In the audible range, the speed of sound in air and most bulk
fluids and materials does not change with frequency. With
the exception of very intense sounds such as air-raid sirens,
etc., the speed of sound also does not change with intensity.
In most practical situations, relevant to architectural acoustics, the speed of sound can also be considered to be independent of the static atmospheric pressure. However, the air
temperature has a significant influence. Roughly speaking,
the speed of sound cair(T) in dry air at temperature T [°C] can
be calculated as:

[cair - speed of sound in dry air, T – temperature]
This dependence is responsible for sound waves bending
because of temperature gradients in the atmosphere above
sun-heated soils. This effect sometimes also influences the
distribution of sound, e.g. in open air theatres, when sound
easily reaches the back rows of auditorium or in urban areas
where sound (mainly the low frequencies) can be heard in
long distances, sometimes several kilometres. The influence
of wind and atmospheric temperature on sound propagation
are described in the part entitled Environmental Acoustics.
Relation between speed of sound in the air and changes in
temperature explains also why the pitch of wind instruments
is dependent on the air temperature.
Additional factor that may slightly influence speed of sound
is humidity.

2

Frequency, wavelength and
amplitude of sinusoidal sound
waves
SINUSOIDAL SOUNDS are characterized by a particular repetition period T [s] and particular frequency f=1/T [s -1] or [Hz],
and are heard as a pure tone - left).

Figure 2. Pure tone (left) and noise (right)
As mentioned above, the number of cycles that an oscillating
quantity undergoes per unit of time, is called the frequency f,
with unit Hertz [Hz] = [s-1]. Given the duration of a cycle, the
so-called period T, the frequency is given by:

[f – frequency, T – period]
The subjective perception of audible frequencies (between
20 Hz and 20 kHz) turns out to be factorial.
A subjectively natural interval between two frequencies, already recognized by Pythagoras is an octave, which corresponds to a factor of two difference. Also factorial distances within one octave, such as factors of 21/12, corresponding
to half tone intervals, sound natural.

Figure 3. Schematic representation of the properties of a pure
tone. A and C are pure tones of the same frequency but different
amplitude. A and B are pure tones with different frequency but
the same amplitude. pA1 and pA2 are pressure amplitudes.
Since waves are phenomenon in which a time-dependent
phenomena are propagating in space, their spatial and temporal characteristics are coupled. As a matter of fact, the
time dependence of a running wave, passing by at one position, is isomorphic to the snapshot dependence position
of that wave. The two graphs can be converted by simple
transformation of the graph axis, via x=ct. In the case of sinusoidal sound with time period T, the so-called wavelength
λ [m] is the distance over which the wave travels during one
cycle, so that the period and wavelength are coupled by λ=cT,
and, considering also the equality T=1/f, the frequency f and
wavelength λ are coupled by:

[c - speed of sound, f – frequency, λ- wavelength]
The wavelength (together with its associated frequency), is a
crucial parameter determining particular wave phenomena:
diffraction, interference, reflection, standing waves.
Figure 3 depicts the meaning of the frequency and the amplitude of a sinusoidal pressure signal. Figure “A” and “C” are
pure tones of the same frequency 500 Hz, but they have different pressure amplitudes, assigned respectively as pA1 and
pA2. Figures “A” and “B” are pure tones with different frequencies (500 and 1000 Hz) and the same amplitude pA1.
In order to express the amplitude of a sinusoidal pressure
signal p(t), the maximum pressure excursion from the equilibrium, atmospheric pressure patmospheric (roughly equals
101300 Pa), one makes use of the root (of the) mean (of the)
square (of the) pressure, so called rms pressure, which represents the standard deviation of the pressure with respect to
the average pressure, and thus takes into account both positive and negative excursions:

[prms – root mean square pressure, T – period,
patmospheric - atmospheric pressure]
In case of a sinusoidal signal p(t)=p0 sin(ωt), with amplitude
p0 and angular frequency ω=2πf, and frequency f, the rms
value is related to the amplitude by prms=p0/√2

3

Frequency Spectrum

IN DAILY LIFE sound signals are typically non-sinusoidal, and
characterized by high complexity. Nevertheless, it turns out
that every sound is composed of sinusoidal components.
Non-sinusoidal periodic sounds (with a period T and a repetition frequency f=1/T) are composed of a series of sinusoidal
“harmonics”, at multiples of the fundamental repetition frequency. E.g. a periodical square wave signal S(t) with frequency f and angular frequency ω0=2πf0 and amplitude 1 can
be composed by adding sinusoidal functions:

ω

[S(t) - periodical square wave signal, ω0 - angular frequency]
The coefficients of the sinusoidal functions are called Fourier
coefficients or spectral amplitudes, and can be graphically
represented in a figure depicting the amplitudes versus the
respective frequencies.
Periodical sounds are characterized subjectively by their
pitch and “colour”. The pitch is determined by the fundamental frequency f0, while the colour is determined by the
relation between the different Fourier coefficients. The
higher the high frequency amplitudes, the brighter sound
is perceived.
Much more than the features of the time signal S(t), the perception of a sound is thus closely related to its spectrum.
This can be understood by looking at the anatomy of the cochlea, which reveals that different frequency components of
a sound are detected by different parts of the cochlea (Figure
4).

Figure 4. Cochlea
Among the non-periodic sounds, noise has a strongly pronounced stochastic character, both in time and in spectrum.
Natural sources usually produce combinations of coherent,
(quasi-) periodical sounds and noise.
Summarizing, all sounds can be decomposed in a unique
sum, series or integral of pure sinusoidal components, each
of them with their amplitude and phase. The spectrum of
sound, i.e. the dependence of the amplitudes and phases
of the composing sinusoidal components on the respective
frequencies, is a unique fingerprint of that sound, which can
be related in a straightforward way to the perceived ‘colour’
of the sound. Spectral analysis can be carried out owing to
decomposition of sound to simple harmonic signals, by using the Fourier Transform (FT). Thanks to the FT it is possible to analyze complex sounds in more detail, not only in
time domain, but also in the frequency domain. In practice, a
FT can only be taken on a windowed fragment of sound. In
such a case the sound signal is not periodic and a continuous
spectrum is needed to describe the sound. This is in contrast to periodic sounds that can be described by a discrete
spectrum. In the following example shows a superposition
(i.e. the opposite of decomposition) of three pure tones with
frequencies 100 Hz, 200 Hz and 1 kHz and different amplitude on the left, resulting in a 3 spectral peaks in frequency
domain (Figure 5).

Figure 5. Superposition of three pure tones (100, 200 and
1000 Hz) resulting in three-frequency component sound. Illustration of sounds in time domain (left) and in frequency domain
(right).

4

Sound absorption, reflection,
diffraction and scattering
AIR ABSORPTION
Even when a sound wave travels (without reflection) through
a homogeneous medium, a part of the sound energy is absorbed. Also in air sound is absorbed to some extent, especially at high frequencies. The degree of absorption depends also on humidity, but the rule of thumb is that air
absorption amounts up to about 2 dB/km at 1 kHz, and increases with the square of the frequency. For instance at
10 kHz, the absorption is already 2·(10 kHz/1 kHz)2 dB/km =
200 dB/km or 0.2 dB per meter of propagation. This behavior
of air absorption is also one of the reasons why sound that is
heard in relatively long distances, typically contains more low
(small absorption) than high frequencies (large absorption).
SURFACE ABSORPTION
When the acoustic wave induced motion of the molecular
constituents of air is happening in the vicinity of a surface,
then the motion is hindered by friction. As a result, when
sound is propagating through soft, porous building materials, but also other porous materials like cloths, then the large
contact surface between the air and the structure leads to
high absorption. For example, glass wool and mineral wool,
thick blankets or similar materials absorb sound owing to
their texture, which consist of lots of small deeply penetrating
and connected pores, filled with air. Sound waves can easily
penetrate into these materials and a part of the sound energy
is converted to heat by friction and viscous resistance within
the pores and by vibration of the small fibres. Logically, the
faster the air molecules move, as a result of an acoustic wave,
the more friction will occur with structural surfaces. Since
for the same displacement, high frequency sound is characterized by higher molecular velocities than low frequency
sound, high frequency sound will be more absorbed due to
this mechanism. At frequencies above 1 kHz, some soft porous materials can absorb up to 95% of the sound energy.
Interestingly, porous materials are often used in external
wall claddings thanks to their good thermal properties.
However, these porous materials are different from the
ones used for acoustical absorption purposes. In order to
achieve good thermal insulation, pores should be closed,
while the opposite is true if one aims at achieving high
acoustic absorption.
SOUND REFLECTION AND ABSORPTION
When sound waves propagating in a medium encounter an
object then they partially penetrate the object (acoustic transmission) and partially they are reflected (acoustic reflection).
The reflection coefficient RI and transmission coefficient TI,
which quantify, respectively, the fraction of the incident energy that is reflected and transmitted, turn out to be determined
by the so-called specific acoustic impedances (Z) of the medium from which the waves are incoming (typically air) (Z1)
and of the structure that is encountered (Z2). The reflection
coefficient RI for sound wave that is perpendicularly incident
on a surface is given by:

[RI - reflection coefficient, Z1 - impedance of the medium
from which the waves are incoming, Z2 - impedance of the structure that is encountered]

and the transmission coefficient TI by:

[TI - transmission coefficient , RI - reflection coefficient]
In the case of uniform, homogeneous media, the specific
acoustic impedance can be calculated as the product of the
material density ρ [kg/m3] and speed of sound c [m/s]:

[Z - acoustic impedance , ρ - material density,
c - speed of sound]
The unit of Z is kg/(m2s) or Rayleigh. The specific acoustic
impedance of air is:

[Zair - acoustic impedance of air, ρ - air density,
c - speed of sound in air]
In the case of hard, rigid materials such as stone, brick, glass,
concrete or steel, the specific acoustic impedance is much
larger than the one of air, so that almost all incident sound
energy is reflected. Also water has a much higher impedance
than air:

[Zwater - acoustic impedance of water, ρ - water density,
c - speed of sound in water]
which explains why most of the sound generated above water
is reflected and does not penetrate till under the water surface. The percentage of the intensity that goes into the water
is:

[TI - transmission coefficient , RI - reflection coefficient,
Zwater - acoustic impedance of water, Zair - acoustic impedance of
air]
Or RI=99.89% and TI=0.11%. The sound pressure level under
water is therefore 1010log(TI)= 1010log(0.0011)=29.4 dB lower
than above the water.
In many cases, most of the sound that is transmitted
when an acoustic wave is encountering the surface is dissipated in the material or is lost through some other mechanism. That fraction of the sound can thus be considered as
absorbed by the surface. The absorption coefficient of the surface, α [dimensionless], which is defined as a ratio of the sound
energy absorbed by the surface to the incident sound energy,
can therefore be calculated as:

[α - absorption coefficient, RI - reflection coefficient]

Figure 6. Sound absorption, reflection and transmission.
α can vary between 0 and 1, and is sometimes expressed in %
(multiplied by 100). The absorption coefficient varies with the
angle of incidence and in most tables, an average value over
all possible angles of incidence is listed.

Movie 1. Sound absorption coefficient measurements.

In the field of architectural design of functional spaces
where good speech intelligibility is one of the goals, the
reverberation time often needs to be reduced. Since the
reverberation time is inversely proportional to the average
acoustic absorption coefficient of the surfaces in a room,
the room acoustic quality of space is typically tuned by incorporating surfaces with high absorption, or equivalently,
low reflection, in the design.
Given the relation between the reflection coefficient RI and
the acoustic impedance mismatch Zsurface -Zair, and given that
Zair is quite small in comparison with most materials, the rule
of thumb is to reduce the reflection coefficient to make Zsurface
as small as possible. In that way, Zsurface will approach Zair,
so that Zsurface -Zair becomes small, leading to a small RI, a large
α, a short reverberation time, and a good speech intelligibility.
In a freshly built room, the surfaces are typically very hard
(concrete, brick, glass), so that the initial average absorption
is high, leading to a long reverberation time and poor speech
intelligibility.
Different schemes are used by room acoustic designers to
achieve a low impedance Zsurface (Figure 7).

Figure 7. Different ways of sound absorption in the context of
architecture.
POROUS MATERIALS contain a lot of air, so that ρ≈ρair, c≈cair
and thus Z≈Zair. As a result most of the sound incident on
porous materials is not reflected but absorbed. Since, in addition, the sound waves propagating inside material with open
pores are strongly dissipated at high enough frequencies,
covering walls or other surfaces in a room by porous materials is an efficient way to increase the overall absorption at
high frequencies. It can be seen further that not only the porous material as such, but also its position with respect to the
hard surface behind, plays a role in the absorption efficiency,
with an optimum distance of a quarter wavelength in front of
a hard surface.
MEMBRANE ABSORPTION, in a so-called PANEL RESONATOR, is based on a different principle and works mainly for
relatively low frequencies. When a sound wave hits a membrane or panel, then the alternating sound pressure variations
force it into vibration, and, as seen earlier, the fraction of the
incident acoustic energy taken up by the panel, and eventually
dissipated into heat, depends on its acoustic impedance. The
lower the specific acoustic impedance of the panel, the lower
is the reflection and the higher the absorption. A vibrating
panel can be physically described by a resonant mass-spring
system, in which the role of the mass is played by the panel,
and the role of the spring by the partially (in)compressible
layer of air between the panel and the hard wall behind. As
with all mass-spring systems, the response (and thus sound
absorption efficiency) of a panel resonator is moderate at low
frequencies and maximum at a resonance frequency, which
is roughly given by

[k [N/m] - spring constant, m [kg] - mass of the panel,
p [Pa] - atmospheric pressure, γ [-] - adiabatic constant of air,
d - the thickness of the air layer.]

The sound absorption of a panel resonator above the resonance frequency deteriorates with roughly 40 dB/decade or
12dB/octave. Panel resonators are, therefore, most effective as sound absorbers at frequencies sufficiently below the
resonance frequency, making them complementary to porous material absorbers, which are more efficient at higher
frequencies.
Also, so called, HELMHOLTZ RESONATORS
are massspring-type systems that are most effective at low frequencies. The air in the neck of a bottle-like Helmholtz system
plays the role of the mass, while the air inside of the cavity
plays the role of a spring that is (de-)compressed as the air
in the neck is pushing/pulling it inwards and outwards when
moving down and up.
Interestingly, the presence of people in a room, whose consistency is softer than the one of concrete walls, floors and
ceilings, and thus, whose acoustic impedance is smaller, enhances the acoustic absorption in space.
It is therefore of importance, when optimizing the acoustic
performance of a concert hall or auditorium, to take into account the presence of the audience and the accompanying
absorption.
Most often, in practical architectural design, a combination of
different kinds of materials is used to obtain synergy between
the visual, thermal and acoustical comfort in the buildings.
As long as a reflective surface is large enough in comparison with the wavelength of the incident sound wave, then
the reflection and absorption can be described as similar to
light reflection. In this case, the incident sound wave can be
considered as a ray, where according to law of reflection, the
angle of the incident sound ray is equal to the angle of the reflected sound ray. However, in case of low frequencies, whose
wavelength is often long in comparison with typical building
or architectural elements, diffraction effects appear, resulting
in non-specular reflection components.
Other special effects may occur, e.g. convex reflecting surfaces disperse the sound wave, while concave surfaces tend
to concentrate the reflected sound wave (Figure 8).

Figure 8. Reflection of a sound wave from a convex and concave surfaces.
SOUND SCATTERING AND DIFFUSION
In cases when a surface is rough, part of the sound energy is
scattered in non-specular directions (Figure 9). In addition to
sound absorption, also sound scattering and diffusion is very
important in halls for music performance, where a uniform
distribution of sound is often appreciated. Diffuse sound prevents the occurrence of undesirable effects such as focusing,
flutter echoes or late arriving echoes. Sound diffusion can
be introduced to a room in several ways, e.g. by using irregular surfaces and scattering elements such as statues, pillars,
coffered ceilings, and other elements or by installing alternating absorptive and reflective surfaces on walls and ceilings.
In cases where natural diffusion is not sufficient, commercial
diffusers (such as e.g. random phase grating (RGB) diffusers)
can be applied.

Figure 9. Sound scattering.
In order to express the degree of scattering in a room, the
scattering coefficient, which expresses the fraction of the energy that is scattered, compared to the total reflected energy,
is often used:

[s - scattering coefficient, Escatt = scattered energy,
Er – reflected energy, α - sound absorption coefficient]
The so-called diffusion coefficient is an alternative parameter, which qualitatively describes the spatial distribution of
scattered energy (ISO 17497-2).
SOUND DIFFRACTION
Diffraction refers to the phenomenon by which parts of
a sound wave change their direction of propagation due to
passage through an opening or around an obstacle. The extent of diffraction depends mainly on the ratio between the
size of the object and the wavelength of the incident wave
(Figure 10). The diffraction angle θ, which roughly indicates
to what extent a sound wave with wavelength λ bends around
an object of characteristic size a, can be estimated via the
expression:
			 				.
Low frequency sound (with long wavelength λ=c/f) is thus
diffracting more than high frequency sound (with short wavelength).

Figure 10. Diffraction of a plane wave at the edge of an opening,
for four different obstacles and openings. Top left: the opening d
is relatively wide in comparison with the wavelength λ (left–up ).
Bottom left: the opening d < λ (left–bottom). Top right: λ is relatively small in comparison with the obstacle size. Bottom right: λ
is much longer than the size of the obstacle.
For a quick assessment, the spreading of a sound wave when
transmitted through a given opening can be assessed on the
basis of Huygens’ principle, by considering different points of
the opening as point sources, each emitting radially propagating waves. The total outgoing wave can then be constructed
by connecting wave fronts of equal travelling times.
If an opening is large in comparison with the wavelength,
then only slight bending will be observed around the edges
of the obstacle or opening. If the opening is small ,relatively
to the wavelength of the propagating plane wave, then the effect of this gap can be described by considering the gap as a
composite set of point sources of secondary spherical waves
(Figure 10).
In an architectural context, sound diffraction occurs at all obstacles with free edges or corners such as columns, furniture
parts, beams etc.. Given, typically large sizes of these elements, diffraction is mainly pronounced at low frequencies.
Typical sound signals such as speech or music, which consist of wide range of frequencies, are diffracted selectively.
Low frequency components bend easier around obstacles
than high frequency components, which rather continue
or reflect back from an obstacle. As a consequence, when
music is heard outside a building via a door opening, then
mainly the low frequency bass tones are dominant.
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2.2. FUNDAMENTALS OF HEARING
AND SPEAKING

1 Sound Pressure Level
2 Sound Pressure Level Resulting from Multiple Sources

In terms of perception, sound is an auditory sensation, which
is evoked by fluctuations of pressure setting hair cells in motion in the cochlea. Amplitudes of sound pressure variations
that can be processed by the human auditory system vary
from around 20μPascal rms for hardly audible sound to several Pascals for very high sound pressure levels.
The human ear is an extremely complex system, both physically and biologically. Physically, our auditory system contains a number of linear as well as non-linear aspects, some
of which are particularly useful for the perception of sound
and vibration. Mechanical properties are quite different from
person to person, and even psychological effects are not to
be ignored.

1

Sound Pressure Level

A human ear does not perceive sound intensity in a linear
way. The perception of physical stimuli, not only hearing, is
typically logarithmically proportional to the intensity of stimulus. Therefore, when dealing with audible sound, a logarithmic scale is used.
The logarithmic sensation of stimuli such as sound, light etc.
perceived by people was discovered by Weber and Fechner,
who were first to observe and describe the relationship between the physical magnitudes of stimuli and their perceived
intensity. Their empirical observations were summarized in
the Weber-Fechner law.
The Decibel scale is based on the auditory sensation of an
average human being, who is able to perceive a wide range
of sound intensities (or sound pressure levels) starting from
ca 20 μPa rms (which corresponds to a sound pressure level
of 0 dB).
Originally, the logarithmic ratio of two intensities I1 and I2
was called “Bell” (after the famous scientist Alexander Graham Bell) but the unit was too large and also too coarse.
Therefore a one-tenth of the bell is typically used and called
as “decibel” [dB]. The sound pressure level Lp is defined as:

where p1,rms = pE the rms sound pressure at the measuring
position, and po,rms is the reference rms pressure threshold
of audible sound pressure in the air defined as po,rms = 2.105 Pa rms. In equation we have made use of the relation between the intensity of a sound pressure signal and the rms
pressure:

[I – intensity, prms – root mean square pressure, Zair – acoustic impedance of air]

NOTE: The unit “decibel” (dB) is only named after Graham
Bell. But the invention was done by Weber-Fechner.

Figure 11. Decibel scale.
In acoustic terms, hearing and listening is not the same thing.
Hearing is one of the five human senses and can be described
as the physical process of sound perception. The human capacity to experience the intensity and colour of sound is quite
remarkable. Hearing was found to be the first sense that
develops in a human foetus, already in the 12th week after
conception. The ears are not formed yet at that time, but the
foetus is already able to perceive different vibrations and resonances. Hearing is, in several ways, much more sensitive
than eyesight. The dynamic range of the audible magnitudes
of sound of a healthy human ear is around 130 dB, whereas
the dynamic range for light intensity is much smaller, typically only 90 dB. The frequency range of hearing (20 – 20
000 Hz) is about 400 times wider than the visual spectrum
from red (405 THz) to violet (790 THz) colours. Moreover, we
are able to distinguish more than 1300 tones, but only around
150 colours of light. A unique feature of human hearing is the
ability to hear not only a tone but also to quantify the interval
between tones. People can recognize a (factorial) difference
of an octave (factor of two) or half tone (factor of 21/12), or
chords between two audible frequencies, while they do not
have the perceptive ability to recognize such a small difference in frequency with respect to colour perception.
Listening (in comparison with hearing) is a cognitive process
of actively sensing and interpreting, involving both behavioural and cognitive activities (Greene, 1988). Listening comprises short-term and long-term elements, and memory appears to play an important role in the assessment of listening
(Bostrom, 1996). Some musicians are even able to imagine
pieces of music in such a suggestive way, that the changes
in brain are identical to those when real music is being played
(Gerrig and Zimbardo, 2010).
Sound can also substantially affect our emotions and its perception and interpretation is very complex. The perception
and interpretation of what we see or hear are strongly affected by subjectivity and it is still impossible for tools such as
artificial intelligence to grasp the meaning of perceived sound
in real time or from a recording. Typical for subjective hearing
is that there are sounds that we hear consciously, which are
in our foreground, and sounds that we hear subconsciously,
perceived as background (Schlittmeier and Hellbruck, 2009).
Great progress has been achieved in understanding of the
processes used in the auditory cortex to recognize speech,
and some of these processes have been imitated, but nevertheless, the subjective evaluation of complex information
present in sound signals still outperforms artificial recognition tools. In the medical domain, it is still the doctor who interprets the sound of a patient’s lungs or heart via a phonendoscope or a stethoscope, rather than computer programs.

2

Sound Pressure Level
Resulting from Multiple Sources

Figure 12. Multiple sound sources with given pressure variations
p(t), intensities I and sound pressure levels Lp.
When assessing the total sound pressure level in a location
quite often multiple sound sources are present, each generating a sound pressure signal p(t) with given intensity I and
sound pressure level Lp, contributing to the total sound pressure level as well. The latter can be calculated considering
that the different pressure variation contributions simply add
up to one effective pressure variation signal:

By making use of the equation for the rms pressure, and assuming that the different signals are not correlated (i.e. they
are not amplifying or cancelling each other due to constructive or destructive interference respectively), it can be shown
that:

So that

Which finally can be rewritten to

where L1 to Ln are the sound pressure levels of the respective
source signals.
Although the total intensity of the signals is simply obtained
by addition of the individual intensities, this is not the case for
the sound pressure levels.
For example, the combination of two equally loud signals with
Lp values of 50 dB and 50 dB results in a doubling (factor 2
increase) of the intensity, or an increase of 10log(2)=3 dB, and
thus to 53 dB.
Due to the intensity of a 60 dB sound being 20 dB or 100 times
larger than the one of a 40 dB, the combined sound pressure
level is totally dominated by the contribution of the 60 dB
sound, leading to a total sound pressure level of 60.04 dB,
slightly over 60.00 dB
In case of several sound sources with the same strength L1,
(L1 = L 2 = … = Ln) equation Eq.(9) can be simplified as follows:

Two sound sources with the same strength, (e.g. if L1 = L 2) will
therefore give together 3 decibels more, e.g. total level L = L1
+ 3 dB.
In the case of 10 sound sources with the same sound strength,
the equation can be written as:

and the total sound pressure level is 10 dB higher in comparison with a single source.
Inversely, the number of equally loud sources needed to increase the sound pressure level to, e.g. 20 dB compared to the
one of a single source can be found from 20 dB=1010log(n), so
that n=1020/10=100.

Figure 13. Total Lp level of different numbers of equally loud
sources.
Table 2. Typical levels of increase of different combinations of
sound pressure levels.
Difference between the
sound pressure level of two
sources

Increase of sound pressure level with respect to
the sound pressure level
of the loudest of the two
sourcesc [m.s-1]

between 0 and 1 dB

3

between 2 and 3 dB

2

between 4 and 9 dB

1

10 dB or more

0
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2.3. PERCEPTION OF
LOUDNESS OF SOUND

1 Binaural Hearing and Sound Localisation

OUR HEARING SYSTEM can detect a wide range of frequencies and sound pressure amplitudes. An average person can
notice sounds between 16 and 16 000 Hz. The frequency
components important for understanding speech lie between
100 and 10000 Hz. However, this audio-frequency range is
very individual and depends strongly on a person’s age. Typically, the older we are, the narrower the range.
The minimum sound pressure that can be perceived as sound
is called the hearing threshold. For an average person and a
sinusoidal sound with a frequency of 1 kHz, the threshold rms
pressure level is po = 2·10 -5 Pa rms. Sound pressure levels
over 130 dB cause permanent damage to the hair cells and
long or frequent exposure to sound pressure levels higher
than 95dB should be avoided.
The frequency dependence curves of differently perceived
loudness in Figure 14, which was estimated on the basis of
many experiments of sound perception on people, illustrates
that the human perception of sound intensities (the loudness)
is quite complex and non-linear. For instance, the perceived
loudness of a sinusoidal tone of 1000Hz with an Lp value of
40 dB equals the one of a sinusoidal sound of 63Hz with an
Lp value of 60 dB. Also, as a result of the non-linear intensity
and frequency dependence of the perceived loudness, the total sound pressure level, calculated by summation of sound
pressure levels over the whole frequency range, would not
correspond to the perceived loudness of a sound.

Figure 14. Equal loudness contours ISO 226:2004 (left) and
Frequency-weighting filters A, B, C, and D (right).
FREQUENCY WEIGHTING
In order to convert objectively determined spectra of sounds
to single numbers, expressing the corresponding loudness,
one can make use of ,so called, A, B, C and D weighted filters
(Figure 14), which are internationally accepted and standardized. The C-filter is taking approximately flat weighting characteristics, affecting only very high and very low frequencies,
in order to avoid possible inaccuracies at those frequencies,
which can be caused by metrological artifacts. Since the
sensitivity of the auditory system is not flat, C-filters do not
express the perceived loudness, but rather the objective intensity. The D-filter is typically used for the analysis of (high
level) aircraft noise.
In the past, there were tendencies to use different filters for
different magnitudes of sound, in order to adequately link
objective levels with subjective perception, but it is not the
case in nowadays practice. Robinson and White found that
that perception of broadband noise signals differs slightly
from the perception of pure tones (Figure 14), and that the
perception of noise is more or less the same for any sound
level, similar to the one of 40-phon contour. In accordance
with this observation, the mostly used frequency-weighting is A-filtering, which coincides with the 40-phon contour
(Lp=40 dB at 1000 Hz) (Figure 14). Using A-filtering leads to
acceptable correspondence with perceived loudness in many
daily-life circumstances in terms of sound pressure levels
and frequency content. For assessment of loudness perception in cases of very high or very low frequencies at very low
(e.g. sound pressure levels in very silent, acoustically well insulated spaces) or very high intensities (e.g. sound pressure
levels near to noisy engines), A-weighting is not adequate and
detailed, equal loudness contours should be considered. Bweighting corresponds to the 70 phone filter, but nowadays it
is not used any longer.
The reference frequency used for calibration of all filters,
where all filters were normalized to 0 dB, is 1 kHz.

1

Binaural Hearing
and Sound Localisation

Listening to sound not only allows to interpret the loudness,
colour and meaning of the sound, but often also the location
of the source generating the sound. Localisation of a sound
source, both in the horizontal and vertical plane, involves
complex processes in the auditory system.

Figure 15. Horizontal and vertical localisation of sound.
LOCALISATION OF SOUND SOURCES IN THE FRONTAL
HORIZONTAL PLANE
Hearing based localisation of a sound source in the frontal
horizontal plane is possible owing to binaural hearing. The
visual cortex has continuous access to the two signals, coming from the left and right ear. Depending on the location of
the sound source, differences between the left and right ear
signal occur concerning the arrival time, the so-called Interaural Time Difference (ITD), which, for steady sound of pure
tones, goes along with an inter-aural phase difference. In addition, due to the difference in shadowing of sound waves by
the head and pinna of a listener between the left and right
ear, there is also a so-called Inter-aural Level Difference (ILD)
between the respective auditory signals.
Psychoacoustic experiments show considerable ability of a
human to localize sounds frequencies with substantial accuracy. Headphone experiments show that the accuracy to
localize sound increases as the source is highest in the frontal direction, reaching a maximum for the sources directly in
front of the listener. In that case, humans are sensitive to differences as small as 1-2°, corresponding with an ITD around
12 μs (Hartmann, 1999). However, once the wavelength of
the incident sound becomes too small in comparison with
the distance between the ears, the phase difference increases above 2π, thus becoming ambiguous, resulting in a rapid
decrease in ITD interpretation at high frequencies. It has been
confirmed by systematic experiments that ITD-based source
localization works as a reliable cue up to 1-1.5 kHz (Ross et
al, 2007).
The smallest detectable ILD measured in psychoacoustic experiments was about 0.5 dB. In headphone experiments the
same sensitivity of the neural system was measured for every
frequency. (Yost et al, 1997) However, in practice, for frequencies below 500 Hz the ILD becomes too small due to wave
diffraction around the head. ILD-based localisation is most
efficient for frequencies above 4000 Hz, where the acoustic
shadow, caused by the head, is the most pronounced.

Figure 16. Inter-aural time difference ITD.

Figure 17. Inter-aural time difference ILD.
LOCALISATION
OF
SOUND
SOURCES
IN
THE
FRONTAL HORIZONTAL PLANE AND FRONT-BACK CONFUSION
Due to geometrical symmetry of the head, localisation of
sound in the medial vertical plane is not possible using ITD
and ILD. Nevertheless, it turns out that details of the listeners’ head, their outer ear (pinna), and the whole shape of their
upper body, act as an angle dependent acoustical filter for
waves reaching the ears (Hartmann & McCaskey, 1999). This
phenomenon can be explained by the underlying diffraction
phenomenon. Being wavelength, and therefore frequency dependent, the ILD depends both on the orientation of the sound
source with respect to the one of the listener’s head, and on
the frequency. This dependence is typically represented by
a Head Related Transfer Function (HRTF), which is individual
for every person, and is defined as the ratio between the Fourier transform of the signal at the ear drum and the Fourier
transform that would have been received at the same position
without the head (Figure 18 - right). The HRTF depends on the
direction of the incident sound wave, defined by its azimuth
Θ and elevation Φ, on the distance r between the head and
the sound source, and at the frequency f (Zotkin et al, 2006,
Cheng & Wakefield, 2001). In order to insure well-defined geometrical parameters, the experimental determination of the
HRTF has to be performed in anechoic circumstances. Measurements of HRTF on people show quite large differences
between different individuals or artificial heads (Moller et al,
1995, Minnar et al, 2001). It is therefore difficult to generalize
about the common features of localisation in median plane.
Front–back localisation is based on monaural (pinna) cues
[13–16] that are mainly expressed in the high frequency range
of the sound spectrum, and related to details in the shape of
a person’s pinna. As a result, front–back localization, by making use of a non-individualized Hear Related Transfer Function (HRTF), has been reported to be very difficult [17]. Localisation of narrow-band sound is not possible at all, unless
a listening subject would be allowed to turn his or her head
[18]. It has also been shown that the localisation performance
decreases with increasing sound level of impulsive stimuli,
and that localisation of broadband noise is almost independent of level changes [19]. Localisation of sound inside rooms
turns out to remain possible, in spite of the arrival of sound
reflections reaching the listener at different times, from different directions, and at various intensities. This was explained
by, the so called, precedence effect [20], which was initially
investigated mainly in relation to binaural cues [21] and later
on in the median sagittal plane [22–24].pronounced.

Figure 18. Every ear is different and our outher ear called pinna
is our personal acoustic filter to distinguish sounds coming from
front or back (left) and „Head-Related transfer function (right).
ANECHOIC VERSUS NORMAL LIFE CIRCUMSTANCES
In anechoic circumstances, so called, direct sound waves received from a source follow a direct path only through the air,
and their features are, therefore, connected in a straightforward way with the emitted sound spectrum. In real life, people usually reside in environment where the sound of a source
is reflected from different objects or room surfaces, resulting
in the direct sound to be followed by reflected wave arrivals
from many directions. Since the angle of arrival of reflected
waves is determined by many, complex factors, their presence can be expected to decrease our ability for directional
localisation. The ILD is e.g. very sensitive to standing waves
in the room and the ITD can suffer from non-coherent sound
signals resulting from multiple sound reflections. However, it
turns out that even in very reverberant scenarios, our ability
to localize sound is not completely lost.
One factor that helps to reduce the disturbing effect of
echoes, is that the absorptive properties of most of the interior materials at high frequencies is usually substantial, rendering the direct-to-reverberant sound ratio larger in the high
end of the spectrum. The ILD above 8 kHz can be therefore
a potential cue to localize the direction of the (direct sound
wave dominated) incoming sound (Hartmann, 1999).
A second factor playing a role in sound source localization in
the presence of reflecting objects in the vicinity of the direct
path between a sound source and a listener is the phenomenon referred to as precedence effect (known also as the Law
of the First Wave Front). This psychoacoustic effect is based
on the reflex of people to interpret the direction of early arriving reflections as coming from the same direction as the direct sound. The time interval in which this effect takes place
is also referred to as the fusion zone. The precedence effect
is most effective in situations where the spectra of the direct
and reflected sound are similar. (Toole, 2006)
The perceptual process of our ear-brain system is much
more complex than the results we can obtain from the analysis of binaural recordings. Recent research suggests that the
acoustic information is sent to higher centers in the brain,
where it is also compared with the information obtained visually (Hartmann, 1999). Many aspects of this process are
still not understood so there are still several opportunities for
research in this field.
SPEECH INTELLIGIBILITY
The intelligibility of speech in daily life situations is influenced
by a variety of factors: the sound pressure level of signal and
noise sources, the reverberation time of the site, the direct-toreverberant ratio, and the nature of the speech signal itself.
In terms of temporal features of speech signals, the most
important factor determining the speech intelligibility is the
audibility of subsequent phonemes, which is determined by
the speech to background noise level ratio, and by the degree
of reverberation of earlier pronounced energetic phonemes
scrambling the sound of later pronounced faint phonemes.
As a consequence, one of the characteristics of speech signals with good speech intelligibility is a high degree of amplitude modulation induced by the original speech. There are
several methods to determine the speech intelligibility in a
given acoustic scenario.
The Articulation index [25], Articulation loss of consonants
[26], Clarity [27], Speech Intelligibility Index [28] as well as the
Sound Transmission Index (STI) [29], are commonly used
in acoustic practice. The choice of a particular algorithm
or quantifier depends on the situation and available technical possibilities. In audiological research, the method of the
speech reception threshold (SRT) is typically used for the investigation of speech intelligibility in listening tests. The SRT,
in principle, depends on the signal to noise ratio and is defined as the threshold of intelligibility at which 50% of speech
can be correctly understood. The spatial separation of the
signal and noise source typically leads to its improvement,
thanks to a spatial release from masking and to an unmasking binaural squelch effect defined via the binaural masking
level difference [30].
ECHOLOCATION (EGOCENTRIC LOCALISATION), ACOUSTIC DETECTION OF OBJECTS
Most of our spatial knowledge of the environment is provided
by visual means. For blind people other senses, especially
hearing and touch, become crucial to perceive the environment. Some early studies on blind people show even that
the visual primary cortex, typically allocated for processing
visual stimuli, gets activated during the processing of auditory information. In the past decades, some blind people and
organisations for visually impaired people have started teaching and promoting the use of active echolocation, a technique
inspired by the sense used by bats and other animals to navigate in the dark. The active echolocation technique consists
in the production of oral clicks by an echolocator (i.e. a person who echolocates); these clicks propagate through the air,
bounce off the boundaries, and return later to the ears of the
echolocator (illustrated in Figure 19). Each reflection of sound
is characterized by its delay, attenuation, frequency content
and binaural time and level differences (differences in the signals arriving at the two ears). These physical magnitudes are
interpreted by echolocators in terms of distance, size, shape
and texture of an object. By combining the knowledge of different reflections, echolocators get acquainted with and learn
the spatial configuration of the environment, which may actually evoke a basic form of visual sensation
.

Figure 19 Principle of functioning of human echolocation.

One disadvantage of echolocation is the difficulty of its training, requiring months or even years of continuous practice
and combination with other mobility techniques. In teaching
echolocation, there is no consensus on the description of the
auditory sensations evoked in different scenarios. One of the
relevant perceptual attributes is the auditory room size, i.e.
the volume of a room estimated by listening to self-generated
sounds, which is more linked to the acoustic parameter room
gain than to the actual room volume
. The room gain is
the degree of amplification of one’s own voice at the ears in
a room, in relation to the voice level in free-field. Thus, highly acoustically absorptive rooms will probably be perceived
by blind people as much smaller than they actually are. As
blind people can get trained to recognize multiple acoustic
features, it may be possible in the future to design “acoustic
markers” to signal functional elements in rooms which blind
people would learn to interpret. Ongoing research aims at
empowering blind people, by understanding and improving
the training of active echolocation, characterizing the sound
signals arriving at the ears of echolocators in different environments , capturing acoustic signatures of environments
by measurement
, and using these measurements in an
acoustic virtual-reality system
to assist in training of active echolocation.

Movie 2 ECHOLOCATION.
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2.4. ENVIRONMENTAL ACOUSTICS

1 Sound propagation outdoors
2 Refraction of Sound in Air Due to Wind
and Temperature
3 Measurements and analysis of sound and noise

1

Sound Propagation
Outdoors

Figure 20. Sound propagation in a free field. Point source (upper picture) and line source (lower picture).

Example of acoustic noise map.

2

Refraction of Sound in Air
Due to Wind and Temperature

Important causes of refraction of sound waves in an open
air environment are wind, and temperature gradients in the
atmosphere. In normal conditions, i.e. in free field conditions
above a flat ground surface, the wind speed increases logarithmically with the altitude above the terrain. The effect of a
vertical wind speed profile on deformation of the propagation
of a sound wave is shown in Figure 21.

Figure 21. Refraction of the sound waves due to the particular
shape of a wind speed profile.
The influence of the increasing air temperature with the height
above a cold soil is shown in the Figure 22 – left. A decrease
of air temperature with increasing height above the ground
can cause acoustic shadows as shown in Figure 22 – right.

Figure 22. Refraction of the sound waves due to temperature
changes.

3

Measurements and analysis
of sound and noise

SOUND PRESSURE LEVEL METER
Measurements of (wanted) sound or (unwanted) noise are
typically performed by using a “sound level meter” or “sonometer”. A sound level meter consists of a microphone, which
converts the sound pressure variations on the microphone
membrane into an electrical voltage changes, which, after
amplification, pass to an analyzer, where different operations
can be performed.
SPECTRAL ANALYSIS
Spectral analysis is based on the decomposition of a complex sound into harmonic components by using a Fast Fourier
Transform (FFT) algorithm. The frequency spectrum can, in
principle, be divided into an unlimited number of frequencies.
In acoustics, the spectral representation of noise is usually
done logarithmically in octave, third-octave, or, more recently,
1/24 octave bands. The choice of the width of the filter bands
depends on the character of the noise and the purpose of the
measurement. Analyses using more narrow bands are more
precise but require more time and effort, which is sometimes
inconvenient.
The total sound pressure level Lp [dB] is related to the sum
of intensities over the whole frequency range (i.e. a sum over
all octave bands), and obviously also corresponds to the Lp
value obtained from the rms pressure extracted from the corresponding time signal.

Figure 23. Typical spectrum in 1/3 octave bands, octave bands,
and total sound pressure level.
TIME WEIGHTING
Very often, sound signals are not stationary, with spectral and
intensity features fluctuating in time. When analyzing sound
pressure levels, the integration time of the sound signal, over
which the rms pressure is calculated, or from which the Fourier transform is taken, has a strong influence on the resulting
values. E.g. when the integration time is longer than the duration of a short, loud event, then the instantaneous level of that
event is underestimated.
Typical sound level meters have two or more options for
noise measurement averaging times. Typical options are fast
“F” and slow “S” time weighting characteristics. In case of fast
integration, the averaging of the signal takes 125 ms while for
the option “S” it is 1 s. In cases of stationary noise measurements the “slow” time weighting is generally used.
During noise measurements where the peaks of the sound
dominate the acoustical situation, “fast” integration should
be used. For measurements of impulsive signals more advanced sound level meters are necessary and “I” weighting
(with an averaging circuit of 35 ms) should be applied.
STATISTICAL NOISE ANALYSIS
Due to the time-varying character of typical environmental
noise, the interpretation of series of sound pressure levels
is not an easy task and requires experience of an acoustical
expert. Different noise events need a different measuring
approach. A noise event with relatively constant peak levels,
such as the noise produced by a train or a highway far away,
is measured as an average from several measurements that
correctly expresses the perceived loudness of the noise.
It is well known that people are usually more disturbed by
strong fluctuations in time, rather than by average sound
level. This means that quiet residential areas, with low intensity passing vehicles or aircraft, whose peak sound levels are
relatively high in comparison with background sound levels in
the area, are found to be the most difficult problems in noise
control.
Irregularly fluctuating noise with a wide range of amplitudes
is also typical for urban public places.
In such cases, the noise needs to be described not only by
a global average value, but also by the number of exceeded
levels in a period of time. This can be achieved by, e.g. reporting the number of times n1 when the level of 80 dB was
exceeded, the number of times n2 when the level of 90 dB was
exceeded, the number of times n3 when the level of 100 dB
was exceeded, and the absolute maximum value.

Figure 24. Illustration of L5, L50, L95, and LA,eq in the example
of fluctuating noise.

Figure 25. Example of a relative histogram (left) and a cumulative histogram (right).
A commonly used way to statistically express time varying
noise levels is by L x – values, which indicate the value of the
sound pressure level that was exceeded during x% of the
measuring time. Typical calculated and analyzed statistical
parameters are: L5 , L10, L50, L95 (e.g. Figure 24).
A very effective way of representation used in noise analysis
is a relative and cumulative histogram (e.g. Figure 25).
EQUIVALENT CONTINUOUS A-WEIGHTED SOUND PRESSURE LEVEL
The A-weighted equivalent sound pressure level L A,eq is definitely one of the most frequently used descriptors of environmental noise and most of the sound level meters have a
direct option for obtaining this value automatically. L A,eq,T is
the level of continuous steady sound within a time interval
T, which has the same effective (rms) sound pressure as a
measures sound of which the pressure varies with time. For
highway traffic noise L A,eq,T is equal to statistical values of L30.
L A,eq,T is defined as:

where pA is the instantaneous A-weighted rms sound pressure at time t, p0 is the reference sound pressure level 20 μPa,
the measuring period T = t2 - t1.
For practical purposes the above equation can be written as:

where n is the total number of samples and L A,1, L A,2, …, L A,n
are the measured sound pressure levels.

LDAY, LEVENING, LNIGHT AND LDEN

Figure 26. Indicatoren vliegtuiglawaai – situatie 2010”, VMM,
Belgium, ISBN 978-949138503-2 - , with courtesy of: ATF (Gert
Geentjes, Christ Glorieux)- K.U. Leuven, Brussels Airport Company
When assessing the impact of long-term noise on people’s
comfort, one is often making use of A-weighted sound pressure levels. In order to get a picture of the acoustic impact
of noise on a single number, it is usually opted not to use the
equivalent sound pressure level over 24 hours, i.e. L Aeq,24h., but
to discriminate different periods, in order to take into account
the different degree of comfort loss that people perceive according to the time of the day:
• Lday: the equivalent A-weighted sound pressure level for
the daytime period, defined as the period between 07.00
and 19.00
• Levening: the equivalent A-weighted sound pressure level for
the evening period, defined as the period between 19.00
and 23.00
• Lnight: the equivalent sound pressure level for the night period, defined as the period between 23.00 and 07.00
The European directive on assessment and management
of environmental noise, recommended using the parameter
Lden to determine the nuisance. The Lden (Level Day-EveningNight) is the A-weighted equivalent sound pressure level over
24 hours, with a (penalty) correction of 5 dB(A) being applied
for noise during the evening period, which rises to 10 dB(A)
during the night.
PSYCHOMEDICAL IMPACT OF NOISE
Although objective noise levels are useful indicators of an
acoustical environment, their psychomedical impact is subject to substantial discussion and controversy. One of the
ways that was proposed to quantify the psychomedical impact is by estimating the number of people potentially highly
annoyed, on the basis of noise nuisance studies. For aircraft
noise around airports, studies at various European and American airports carried out by Miedema , were adopted by the
European Commission (WG2 Dose/effect ), and led to the
following relation (depicted in Figure 27) for the percentage of
the people highly annoyed (PPA): 		

Figure 27. Percentage of people potentially highly annoyed due
to Lden from aircraft noise (source: VLAREM – environmental legislation based on Miedema 2000)

main
menu

chapter
menu

next
chapter

2.5. NOISE BARRIERS

1 Environmental determinants for the protection from road noise
2 The use (development) of areas around the roads and their classification:
3 What determines the effectiveness of an acoustic screen?
4 Rules for selection of geometric parameters of the screen
5 The level of difficulty of implementation of noise barriers
6 Design of acoustic screens

Streets and roads are an important source of noise in the built
environment. Together with industrial development increases
the number of routes, vehicles, and hence, level of communication noise. The problem of excessive noise concerns in
particular urban areas, where residential or public use buildings and areas are situated in close proximity to roads and
urban roads. Traffic noise is produced by the vehicle while in
motion (sounds produced by the propulsion system, resulted
from the contact of tires with the road surface and the aerodynamic phenomena). After exceeding a certain speed, noise
generated by contact of tires with the road surface becomes
a major component of the noise produced by a moving vehicle. This speed is, for example, 55 km/h for passenger cars
and 70 km/h for trucks.
The noise level depends on a number of environmental factors listed below. The use of solutions of reducing traffic noise
has become a necessity, given the current urban acoustic climate conditions. Protection against road noise may involve
a reduction in its production (for example by reducing speed
of vehicles) or the use of devices that reduce the propagation
of sound – acoustic screens. In many situations, eg. along
the streets in cities it is not possible to use acoustic screens,
for functional reasons. They are used however in the case of
roads characterized by an exceptionally high level of noise
emissions (eg. highways), and areas that require sound insulation.

1

Environmental determinants
for the protection
from road noise
THE LEVEL OF NOISE from road traffic depends on many factors. These include, among others:
• Location of road:
• road network solution on the urban planning level
• number of lanes and their distance from the protected
area
• Traffic conditions:
• number of vehicles passing in the time unit
• daily traffic intensity structure
• type of vehicles and their technical condition (eg. approximate noise level measured close to the vehicle is:
trucks 83-95 dB, buses 85-94 dB, cars 70-84 dB, motorcycles 79-98 dB)
• traffic variability forced by its organization
• type, quality and condition of the road surface
Many of these factors depends on the time of day, week,
month and season, weather conditions and other random
events.
On the choice of method for protection against road noise
affects also:
• Character land development in the surroundings of the
road
• Requirements for environmental protection from noise
(eg. areas for housing development in the night time
L A max = 50 dB)

2

The use (development)
of areas around the roads
and their classification:
•
•
•

The basis to identify the type of the area and the required
quality standards of the acoustic environment are local
spatial development plans
In the absence of local spatial development plans, classification of land on which there are buildings, is made the
appropriate local authority.
The following areas are subject of protection against
noise:
• areas for housing development
• areas for hospitals and social housing
• areas for buildings connected with a permanent or temporary residence of children and adolescents
• areas for recreational purposes
• areas for residential development and services

3

What determines
the effectiveness
of an acoustic screen?

Sound wave reaching the acoustic screen is partially absorbed and partially reflected – sound insulation is related
to the unit mass of the screen and its design. The remaining
part of the wave passes through the screen and propagates
through the deflection at the edge of the screen (Huygens
principle).
• The efficacy of the acoustic screen (L Ae) determines the
difference between the level of noise that occurs at a specific observation point before and after the application of
acoustic screen
• For a given urban situation, basic parameters that determine the efficiency of acoustic screen are:
• location of the screen – the distance from the road,
• height (he) and length (le) of the screen,
• lack of breaks and discontinuities in the screen.

4

Rules for selection
of geometric parameters
of the screen
•
•
•

•

The minimum height of the acoustic screen (he min) should
obscure the direct sound path diverging from the noise
source to the point of observation
Near the border of the acoustic shadow, performance of
the screen is L Ae = 3 … 5 dB
For the screen size larger than he min increase in screening
efficiency is initially 1.5 … 1 dB/m, this increase decreases
with increasing height of the screen and above a certain
height of the screen begins to be negligible
Acoustic screen should be long enough that impact of
noise from the unshielded section of the road was negligibly small and did not cause a significant reduction in
shielding effectiveness, designated for an infinitely long
screen

5

The level of difficulty of
implementation of noise barriers

L Ae [dB]
		

Reduction of
acoustic energy

The degree of difficulty
of obtaining L Ae

5

70 %

easy

10

90 %

possible

15

97 %

very difficult

20

99 %

almost impossible

6

Design of acoustic screens

DESIRABLE SCENARIO
Step 1: Acoustic design to determine the required parameters of the screen, ie. location of the screen, its height he and
length le.
• Acoustic screen can be implemented in various ways,
using different materials, depending on the nature of the
spatial environment.
• Acoustic criterion, in choosing a design solution of the
screen is evaluation index of sound insulation (R A2), which
determines the material’s resistance to the penetration of
sound. It should be at least 10 dB greater than the projected effectiveness of the screen L Ae
Step 2: Multibranch arrangements and the decisions of the
relevant institutions about the possibility and advisability
of implementing an acoustic screen. Only in the case of a
positive decision, architectural and structural design for the
agreed variant of the screen should be proceeded.
Step 3: The building permission design and detailed execution designs.
COMMON PRACTICE
• Unfortunately, practice, resulting from the interpretation
of the formal regulations and habits of designers is different than the desired scenario design screens.
• It is expected that already at the stage the environmental
impact assessment, all parameters of acoustic screens
that are to be included in the environmental decision will
be carefully defined.
• Issues of economic efficiency, as well as aesthetics and
landscaping are ignored or treated as secondary.
GENERAL REMARKS
Acoustic screens appeared in Europe in the early seventies
of the twentieth century, first in France, the Netherlands, Germany and Austria. Now they are regarded as an essential part
of road infrastructure. Over the past several years the intense
development of this field can be observed. For construction
of acoustic screens are used such materials as concrete,
wood, steel, aluminum, plastic, organic glass.
The variety of sound-absorbing materials used allow for great
freedom in shaping their color, form and visual layout. The
most common cross-sectional shapes of acoustic screens
are: vertical, wedge, cantilever, arch.
There are many system solutions of acoustic screens supplied by specialized manufacturers. There are also constructed individually designed screens. On bridges, for security reasons, as well as in the cities – for aesthetic reasons, are often
used transparent screens.

THE MOST COMMON ERRORS IN THE DESIGN OF NOISE
BARRIERS
IN TERMS OF ACOUSTIC PROTECTION:
• insufficient height he
• insufficient length of the screen in relation to the area to
be protected
• improper positioning of the screen in relation to the
noise source (usually the screen is located too far from
the sources of noise)
• use of screens with inappropriate material parameters,
eg. made of soundreflecting (transparent) materials instead of absorbing sound
IN TERMS OF ARCHITECTURAL DESIGN:
• inadequacy of forms of the screens to the existing landscape wrong choice of colors
• excessive variation of sound absorbing elements, resulting in the formation of disturbing visual effects
• erroneous placement and visual signage of emergency
exits
• failure to take account of collisions with other road infrastructure elements (lamps, gate signs, etc.)
• leaving of acoustic holes in the lap connection of individual sections of the screen
IN TERMS OF STRUCTURAL DESIGN:
• failure to take account of certain types of loads, eg.
loads caused by snow removal
• incorrect choice of the type of foundation
• lack of ground beam in the bottom of the screen, intercepting dirt and aggressive chemicals from the road
• insufficient protection against corrosion of elements
caused by of salt and other chemicals used for de-icing
of road
• insufficient acoustic seal of connections between elements
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2.6. ROOM ACOUSTICS

Room acoustics deals with the phenomenology and perception of sound waves in enclosed spaces. Compared to propagation in free field conditions, sound waves in a room undergo partial reflection, diffraction and scattering at every object
and wall they encounter (Figure 29 - left). As a consequence,
a sound wave emitted by a source does not only reach the
location of a listener or microphone directly, but it also evokes
a series of echoes, whose abundance increases with time
and whose amplitude decays with time. In case of impulsive
sound (cfr a hand clap or tongue click), the pressure signal
at a location in the room is characterized by the direct wave
pressure impulse arriving after a time Δt=Δx/c, with Δx the
distance between the source and the location. Soon after, the
wave echoes from different objects arrive (Figure 30 - right),
each delayed according to the travelled distance, and filtered
according to the absorptive properties of the encountered
surfaces. The later an echo arrives, the more distance it has
travelled, and the more surfaces it has encountered. As a
result, with increasing arrival time, an echo has undergone
more absorptions and therefore is smaller in magnitude. The
human auditory system is too slow to hear isolated sound
reflections unless they are separated in time by more than
50 ms. The combination of all wave echo arrivals can be
perceived as a ‘tail’ of reverberant sound following the direct
sound impulse, and can be represented in an echogram or
impulse response (Figure 30 - left), in which the pressure
magnitudes of the echoes are typically exponentially decaying with time. Sequences of echoes that can be discriminated
in time and that periodically (separated by a fixed time interval) follow up on each other are called “flutter echoes”. These
occur typically in large rooms with parallel interior surfaces,
by bouncing back and forth between diametrical walls or between ceiling and floor (Figure 29 - right).

Figure 28. Direct sound and sound reflections in a room (left),
Illustration of a flutter echo (right)

Figure 29. Description of the difference between “reverberation’
and an “echo” on the example of Echogram (reflectogram).
The initial part of the room impulse response is responsible
for the perception of loudness, clarity, spaciousness, and it
contains cues for localizing the sound source.
Also difference in perception between places (chairs) in an
auditorium or concert hall can be attributed to features of the
early part of the impulse response.
The later part of the impulse response consists of many reflections, which can overlap each other, and which determine
the final impression about the reverberation. It can be presumed that, unlike the early part, within a given room, this
part is very similar all over the receiver positions. In a typical
concert hall, the sound field underlying an impulse response
can be considered as diffuse after 100 – 150 ms (Kutruff
1993). For smaller places or larger halls, the characteristic
times can change.
In more typical cases where a source is not impulsive but
continuously emitting sound, the reverberation of louder
sound passages is typically smeared out in time, masking later silent passages. In mathematical terms, the emitted sound
is ‘convolved’ with the impulse response of the room-sourcereceiver system, resulting in an effective sound signal at the
receiving position. Compared to an anechoic room, the sound
level in a room with reverberant sound is enhanced, due to the
acoustic energy of the reverberant sound adding up to the
one of the passage of the direct sound wave.
The properties of the resulting sound field are determining
the acoustic quality of a room in terms of speech intelligibility, music perception, suppression of unwanted noise in the
room, and subjective acoustic comfort feeling in general.
Since the decay of echoes is determined by their travel distance and by the reflection coefficient of the encountered
surfaces, echoes in large rooms in which the majority of surfaces is hard and highly reflective survive longer, resulting in
a longer reverberation (decay) time. Recording studios and
cinemas are designed to suppress reverberation such that
the sound field at the location of the listener or recording device is only influenced by the well-controlled source signal,
and not by the absorptive properties of the room surfaces. It
is of importance that, since the reflection and absorption of
surfaces in a room are frequency dependent, also the reverberation of that room is frequency dependent. The surface
properties and distribution of objects in a room, typically
characterized by their specific acoustic impedance, are thus
determining how the room is ‘colouring’ the sound.
In normal circumstances separated and distinguishable
echoes do not reduce the speech intelligibility but might laterally deteriorate the quality of a music performance in a concert hall. There are several ways to deal with this problem.
One possibility is placement of scattering objects in the hall
interior. So that the energy of the echoes is spread out over a
larger space, thus reducing their level.

Figure 30. Influence of sound absorption. In the absence of
sound absorption, there are strong reflections (black). After placing absorbing surfaces, the decay of the reverberation is faster
(blue).
In addition, the placement of absorption in a room makes
sound reflections weaker, resulting in a shorter reverberation
time (Figure 31).
NOTE that, due to the dimensions of the room being the same
in both cases, the reflections with and without absorbing surfaces in the room in Figure 31 – right are arriving synchronously. In such case, the presence of absorption only affects
the rate of decay of the reflections, and the corresponding
reverberation time.

Figure 31. Definition of the Reverberation time (left), Reverberation time depends on frequency (right).
The reverberation time T60 is defined as the time in seconds,
necessary for an impulsive or interrupted test sound to drop
by 60dB compared to its maximum level, reduced with 5dB.
T60 should thus be deduced from the part of the impulse response (Figure 32) between -5dB and -65dB of the maximum
level.
In practice, a drop of 60dB is difficult to reach because of the
presence of background noise in buildings, which impedes
the monitoring of decaying test signals below the background
noise level. Therefore variants of reverberation time T30, T20
or T10 are often used. In those cases, the reverberation time
is based on parts of the decaying sound signal undergoing a
drop of 30dB, 20dB and 10dB respectively.
NOTE: that T30 does not correspond to half of the T60, but to
a T60-like extrapolation. The number “30” indicates that measurement is done for drop of 30 dB (between -5 and - 35dB),
but the corresponding dropping time is doubled. (T20 and
T10 are measured in an analogous way). A particular related
quantity is the Early Decay Time (EDT), which is determined
from the initial drop of 10dB (e.g. 0dB to -10dB). In general,
EDT is expressing better the perceived reverberation in a
room, while T30, T20 or T10 are related more directly to the
total absorption in a room.
The reverberation time of a given room can be measured,
simulated or calculated. There are many ways to measure reverberation time. The interrupted noise method, the impulse
method and the integrated impulse response method are
most commonly used. The reverberation can also be estimated from measurements on a scale model described further,
or from simulations in acoustical prediction software.
Under certain conditions (such as diffused sound field in a
room) the reverberation time can be calculated according to
the Sabine formula:

[V - volume of the room in m3, c - speed of the sound in
m/s, Si - area in m2, αi - sound absorption of a surface i]
NOTE: in American literature this expression might look differently, due to the volume being expressed in squared feet
instead of m3. Note also that the number 0.161 is not dimensionless (m/s).

Figure 32. Schematic presentation of the procedure to determine the reverberation time from an interrupted noise signal
The optimum reverberation time of a room depends on its
function and its volume (Figure 33). Longer reverberation
times can result in less speech intelligibility, but, when in a
moderate amount, by amplifying the sound pressure level
or early arriving sound, reverberation can help a speaker to
reduce his or her vocal effort.
In combination with well placed screens and pink (noiselike) background noise, reverberation can also lead to better
speech privacy. Besides the reverberation time, the description of the acoustic quality of a room can be complemented
by additional room acoustical parameters. One of the most
important ways to describe the acoustical situation in a room
is the spatial distribution of the sound pressure level Lp . In
simple room geometries, Lp can be estimated from:

[Lw - sound power level of the sound source in dB, Q - directivity of the sound source (for omnidirectional source Q=1),
r - distance between the source and receiver]
In general, however, accurate prediction of an Lp distribution
can only be achieved by means of advance acoustic software.
Other interesting room acoustic quantities are the Speech
Transmission Index (STI), which is used for determination of
speech intelligibility, the Clarity C80 which reflects the fraction of early arriving energy with respect to the total energy in
an impulse response signal, and binaural parameters, such as
the Lateral energy fraction (LEF) and Interaural cross-correlation coefficients (IACC) (ISO 3382).

Figure 33. Optimal Reverberation time.
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2.7. BUILDING ACOUSTICS

1 Airborne sound transmission
2 Laser Doppler vibrometry
3 Impact induced sound pressure level

BUILDING ACOUSTICS deals with sound insulation in buildings. This issue does not concern the quality of sound in
a room, but involves the sound proofing quality of building
construction. One is typically distinguishing contributions
of transmitted sound between airborne sound transmission,
impact noise transmission, flanking transmission, façade insulation and installation noise.

Figure 34. Airborne, impact and flanking sound transmission.
The airborne sound insulation represents the ability of a building element (wall, floor, ceiling, window, door, etc) to isolate a
protected environment (such as a living room, a bedroom, a
classroom, etc) against airborne sound (produced e.g. by a
speaking/singing person, a radio or TV, a crying or laughing
baby etc.)
Structure-borne sound refers to audible sound radiated from
a solid structure, caused by vibrations excited by a force or
motion, resulting e.g from a walking and jumping person, a
running washing machine, dropping objects, compressors, a
hammer or a drilling machine. The terminology impact noise
and footfall noise in literature refer to structure-born sound
phenomena.
Flanking transmission refers the transmission of sound
from a source room to a receiving room via paths other than
through the separating partition. E.g., impact sound may be
transmitted from one room to an adjacent room not only via
the separating wall, but also through a common timber floor
that covers both rooms. Other common mechanisms for
flanking transmission include suspended ceilings, pipework,
ducting etc..
Flanking sound is always present, except in ‘ideal’ acoustic
laboratory situations. In practice, in spite of the presence
highly insulating separating building elements, the degree of
sound insulation between rooms is often limited due to contributions of flanking transmission.
There are currently a large number of different descriptors
for the determination of sound insulation in situ over the EU
countries [EU COST action TU0901 Harmonized sound insulation descriptors and classification schemes in Europe]. In
laboratory circumstances however, the measurement procedure is standardized and determined by sound reduction index R in case of airborne sound transmission and Lw and ΔLw
for impact noise measurements (see further).

1

Airborne sound transmission

THE SOUND REDUCTION index R of a building element separating two spaces is a frequency dependent quantity that expresses the difference in sound pressure level difference between the acoustic wave field incident on the element in the
sending room (rms pressure prms,i) and the acoustic waves
emitted by the elemtn in the receiving room (rms pressure
prms,i):

Most commonly, the sound reduction index, which sometimes is also referred to as “transmission loss”, is determined by microphone measurements laboratory circumstances, in accordance with ISO 10140.
In the determination of the R value of a building element in an
acoustic laboratory, it is presumed that all sound energy from
the sending to the receiving room is transmitted through the
element (wall or floor) under test, i.e., that there is no so called
“flanking transmission”. This poses stringent conditions on
the transmission facility. Except for the connecting element
under test, which is separating the sending and receiving
room, the acoustic transmission between the two rooms
should be minimum. This can e.g. be achieved by mounting
the rooms on separate mass-spring systems, without any direct horizontal connection between them, except for air gaps.
When determining the sound reduction index from the sound
pressure levels in the sending and receiving room, one has to
take into account the reverberant sound field in the receiving
room is adding up to the transmitted sound field that is emitted directly by the building element under test. Assuming diffuse sound field conditions, the sound pressure level originating from the reverberant sound field is given by :

In the expressions above, S is a surface of the test element in
m2. The equivalent sound absorption area A is the equivalent
sound absorption area of the receiving room, which can be
calculated as a weighted sum of all surfaces multiplied by the
sound absorption of interior surfaces:

In practice, A is typically determined from the measured reverberation time T and the known volume V of the receiving
room, via the equation of Sabine:

Figure 36. Standard laboratory measurement of sound insulation. A cross-section of the laboratory (left) and a ground plan of
the transmission suite with indication of microphone positions
(right).
Nowadays, in most of the EU countries determination of
sound insulation is performed in one-third octave bands
ranging from 100 to 3150 Hz, or in an extended range from
50 to 5000 Hz.
Heavy brick or concrete walls isolate typically better in low
frequencies than constructions based on mass-spring-mass
systems, such as lightweight gypsum board based or timber
frame structures. The latter often outperform heavy walls in
middle and high frequencies. Often combined structures are
used, especially in the case of renovation.
Although the spectral information about sound insulation
is very important in terms of acoustic comfort determination, using the whole spectrum of Sound reduction index R
is rather unpractical when comparing different structures.
For practical reasons, a single number quantity, such as the
Weighted Sound Reduction index Rw, are used in practice.
The procedure of converting the frequency dependence of
the sound reduction index R to Rw is described detail in ISO
717 and schematically illustrated in Figure 37.

Figure 37 „Instrumentation for measurements of Sound insulation, omnidirectional sound source (picture1) and microphone
(picture2)”.

Movie 3 Sound insulation measurements.

Figure 38. Schematic overview of Standard laboratory measurement of frequency dependent “airborne sound reduction
index R” (dB) and the calculation of the single number quantity
called “Weighted Sound Reduction Index” Rw (dB).
In order to determine Rw, a standardized curve of reference
is shifted in steps of 1 dB so that the sum of “unfavourable”
differences between both curves (excess of measured curve
above reference curve) in one-third octave bands is as large
as possible, but not more than 32 dB. Then, the value of the
shifted reference curve at 500 Hz is taken to be the Weighted
Sound reduction index Rw (dB).
In practice, when measuring sound insulation in real buildings, there is always flanking transmission present (Figure
34), due to connections of building structures that are needed
to insure sufficient stability of the building, or to provide fire
resistance. Also the structural connections that accompany
ventilation ducts, cables etc. are causes of flanking transmission. As a consequence, in real life buildings, the effective
sound insulation is referred to as as an Apparent Sound Reduction Index value R’, from which Rw’ is calculated in analogy
to Rw. A so-called Weighted Apparent Sound Reduction Index
Rw’ is used in Bulgaria, Croatia, Czech Republic, Denmark, Estonia, Finland, Germany, Greece, Iceland, Italy, Latvia, Norway,
Romania, Serbia, Slovenia and Sweden (with adopted range
from 50-5000Hz).
Another way to quantify the sound insulation in buildings is
the Standardized Level Difference DnT, defined as:

where T is the reverberation time in the receiving room and
T0 = 0.5 s (which is a typical value for dwellings). A single
number quantity DnT,w (Weighted Standardized Level Difference) can be calculated from the frequency dependent DnT
analogically to Rw (Figure 38) by means of a reference curve.
DnT,w is used in Austria, Belgium, Ireland, Portugal and Scotland. In Slovakia and Lithuania, both Rw’ and DnT,w’ are accepted.
Sometimes a product is characterized by Rw (C; C tr) or DnT,w (C;
C tr). C and C tr are Spectrum Adaption Terms. C is used for
the characterisation of internal sound insulation assuming a
flat pink noise spectrum inside a building, while C tr is used for
the characterisation of building facades and roofs, and presumes a “traffic noise spectrum” [CEN/TS 1793-5].
Table 3. Traffic noise and railway noise spectrum in 1/3 octave
bands
Bande de tiers
d’octave [Hz]

200 250 315

L pour traffic routier -16
(EN 1793-3) [dB]

-15

-14

400

500

630

-13

-12

-11

800 1000 1250 1600 2000 2500 3150 4000 5000
-9

-8

L pour TGV (selon -20,4 -18,7 -17,7 -17,2 -15,9 -13,7 -11,4 -9,6
NBN S 01-009,
1976) [dB]

-9

-10

-11

-13

-15

-9,5

-9,4

-9,6

-8,3

-9,4 -12,7 -17,7

Rw’+C quantity is used in Hungary, the Netherlands and Poland, DnT,w + C tr in England and Wales and DnT,w + C in France,
Spain and Switzerland.
Currently the frequency range for acoustic measurements
is standardized to include frequencies between 100 Hz and
3150 Hz. However, recently, building acoustic standards have
been proposed to take into account frequencies down to 50
Hz. At low frequencies, the requirements of ISO 10140 are
difficult to be fulfilled. In an effort to solve this issue, the development of a complementary measurement method based
upon laser Doppler vibrometry has recently been initiated.
Unlike heavy walls, lightweight walls usually have a rather
low acoustic insulation performance in the lower frequency
range. As a consequence, a change in the acoustic standards
towards the lower frequency range mainly affects the single
number rating of light-weight walls.

-16

-18

2

Laser Doppler vibrometry

The use of Laser Doppler vibrometry to determine the radiated sound power of vibrating walls, which in turn can be
used to determine the sound reduction index and overall
sound insulation of a wall partition between a sending and
receiving room, has recently been explored. In this method,
the vibration patterns of wall under test, which is excited by
airborne waves in the sending room, are mapped, and numerical schemes are used to calculate the radiated sound power,
both in the absence and presence of a receiving room with
finite reverberation.

Figure 39. Laboratory measurement of sound insulation at low
frequencies by means of laser doppler.
Laser Doppler vibrometry is a wideband measurement method that maps the spatiotemporal dependence of the vibration
pattern of the wall under test. The vibrations can either be
generated mechanically, or, as in the experiment described
here, by sound waves generated by a loudspeaker in the sending room .
The structural response of the wall to an acoustic sound field
that is created in the sending room, is measured at a grid of
measurement points, sequentially in time. To retain phase information of the vibrational response on the grid of measurement points, an accelerometer at a fixed position on the wall
under test was used to supply a reference signal. Examples
of operational deflection shapes at a number of excitation frequencies are shown in the Figure 41.
Given the vibrational information, the radiated sound power
can be numerically calculated in two ways: with and without taking into account reflections of the transmitted sound
waves by surfaces in the receiving room. In a first approach,
a boundary element method (BEM) is employed to model the
geometry of the receiving room. An appropriate amount of
damping in the model can be used on the basis of measured
reverberation times (see
and
for details). In a second
approach, the Rayleigh integral method is employed, which
assumes that the wall is radiating into an infinite acoustic
domain, thus yielding results that are determined by the wall
insulation only, independent of the room acoustics of the receiving room.

Figure 40. When using a cheaper laser, retroleflex tape must be
used in order to get sufficient signal to noise ratio.
f=34.7 Hz

f=36.4 Hz

f=45.1 Hz

f=73.2 Hz

Figure 41 Operational deflection shapes.
Besides the determination of the radiated sound power from
the laser Doppler measurement data, a wealth of information becomes available about the effect of subtle structural
details of the building element. E.g. the influence of planking
fastening on the vibrational and acoustic behavior of a double
wall light-weight building element was investigated in detail in
reference , by using laser Doppler measurement data.
The use of a laser Doppler vibrometer is often preferred above
the use of accelerometers, as the latter approach rapidly becomes impractical as the number of measurement points increases
.
Laser Doppler vibrometry assessment of the radiation and
acoustic insulation of a building element is complementary to
the standardized microphone based measurement method.
Whilst the standardized microphone based method is easy to
perform and suited to characterize walls at frequencies high
enough to avoid effects of a non-diffuse sound field, the laser
Doppler based method allows to get accurate sound power
values, not affected by the acoustics of the room, down to
very low frequencies. The LDV method is suitable for high frequency measurements as well, provided the spatial sampling
step during scanning is sufficiently small with respect to the
wavelength of the structure-borne waves that go along with
the sound transmission.

3

Impact induced sound
pressure level
Vibrations induced by moving objects, components of apparatuses, or fluid transport in tubes in continuous contact
with building structures, or moving people or objects impacting parts of a building structure, are quasi instantaneously
spreading through the complete structure via propagating
elastic waves. At locations where the structure is in contact
with air, the vibrational energy is partially leaking into the air
as airborne acoustic waves. In this way, the structural vibration energy, generated on one location in a building, is leading
to airborne sound in many other locations. In view of people’s desire to have a quiet, undisturbed acoustic comfort, the
generation and transport of structure-borne vibrations are to
be avoided and many efforts are done in building related research and development for the development of well insulating building elements.
NORMALIZED IMPACT SOUND PRESSURE LEVEL
The normalized impact sound pressure level Ln is a quantity
used for the measurement of the Impact Noise Insulation of a
floor under laboratory conditions

where Li is the sound pressure level caused by a tapping machine as measured in the receiving room. A is a total equivalent area of the receiving room and A0 is the reference area,
equal to 10 m2.
When applying measurements in real life building, flanking
transmission plays a similar role as in airborne sound transmission measurements. In the case of impact induced noise,
Ln’ (the apparent normalized impact sound pressure level) is
used for determination of impact sound insulation. It is recommended that in cases where one is uncertain whether
flanking transmission contributes to the total transmission,
the normalized impact sound pressure level is denoted by L’n.
In many EU countries (Austria, Belgium, England , Wales,
France, Ireland, Netherlands, Portugal, Scotland, Spain and
Switzerland), the standardized impact sound pressure level
LnT ’, which uses the reverberation time instead of the equivalent absorption area (where T0=0.5 s in case of dwellings), is
preferred.
In impact noise assessment, single number quantities, such
as the weighted normalized impact sound pressure level Ln,w
and the weighted standardized impact sound Pressure Level
LnT,w (both are based on laboratory measurements and on
the weighted standardized impact sound pressure level, and
L’nT,w is based on the field measurement of L’nT ) are determined by using a reference curve procedure. The curve in
impact noise assessment has a different shape from the one
related to airborne sound transmission, but the principle remains the same, i.e. the curve of reference is shifted in 1 dB
steps until the number of “unfavorable deviations” in one-third
octave bands is as large as possible but not more than 32 dB.
The value of the given single number quantity (Ln,w , LnT,w , or
L’nT,w) is then read from the graph as the value of the reference curve at 500 Hz (Figure 42-right).

Figure 42 „Laboratory measurement of Impact sound insulation (left) and calculation of th single number value Ln,w based
on ISO 717”

Measurements of impact noise are performed by means of
a tapping machine (Figure 46). A classical tapping machine
consists of 5 hammers of 500 g, with a height of 4 cm, and
tapping at a standardized rhythm of 10/second. Modern devices do not need cables, which makes the measurement
easier to perform. Electromagnetic tapping machines use
an electromagnetic actuator to drive the hammers. The main
advantage of this kind of approach is that the mechanism is
totally silent, so that no unwanted noise, contributing as an
artefact in the measurement, is produced.

Figure 43 „Classical tapping machine”

Figure 44 „Measurements by means of standardized rubber
ball”

Figure 45 Illustration of the comparison between standardized measurements and recordings of natural sound sources
through spectrograms.

Figure 46 „Laboratory measurement of Impact sound insulation”

Figure 47 „Impact noise measurement in buildings”
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2.8. VIBRATIONS

1 Nature and effects of buildings of vibrations
2 Health Effects and Perception of Vibrations
3 Measurements and Evaluationof Vibrations

A VIBRATION is a mechanical oscillation of an around
an average position. In comparison with sound, vibration has an extra dimension, i.e. its direction. An oscillation can be periodic or random. An example of a
periodic vibration is the motion of a pendulum. A nonperiodic vibration can be caused e.g. by tram passing
by (transient vibration) or by a car on an rough, uneven
road surface (stochastic vibration with some quasi-periodic contribution due to the periodicity of the wheel
motion.
In civil engineering practice, vibrations are mostly
considered as undesirable and unwanted. In an architectural context, the most common sources of vibration are factory machineries, engines of electric appliances, such as washing and drying machines, drilling
machines, kitchen mixer etc. However, also vibrations
generated by outdoor sources, such as trams or construction works, may spread through the ground and
cause vibrations inside a building. This happens if a
basement of the building is not well isolated against
such dynamic forces. The transfer of vibrational energy from one system to another one, e.g. from the tram
to the ground or from the ground to a house, can be reduced by introducing an elastic coupler or ‘spring’ in the
transmission path. In such case, the vibration receiving system, together with the spring, can be considered
as the mass of a mass-spring system, which couples
in a frequency dependent way to the source vibrations.
Below the socalled resonance frequency f0 [Hz] of the
mass-spring system, which can be estimated from the
mass m [kg] of the receiving system and the stiffness k
[Newton per meter] of the spring as f0=(1/(2π))(k/m)1/2.
At frequencies sufficiently (how much depends on the
amount of damping in the system) above the resonance frequency, the mass-spring system decouples
the receiving system from the vibration source increasingly with increasing frequency (coupling reduction increase of -40 dB per decade or -12 dB per octave). E.g.
when in a mass-spring configuration vibrations are going unhindered from the source to the receiver at very
low frequencies, then for a system with a resonance
frequency f0=2 Hz, the vibration reduction at 200 Hz
(2 decades higher then f0) is -80 dB.

1

Nature and effects
of buildings of vibrations
Undesirable vibrations cause not only health problems,
they might cause damage to building constructions as well.
Sound and vibrations are closely related since vibrating
structures produce pressure waves that can be in the audible
range. Inversely, air born sound can also induce vibrations of
structures such as the ear drum.
Vibrations in musical acoustics are mostly considered as
desirable. The whole range of musical instruments starting
form the motion of a tuning fork, continuing with the reed in
woodwind instruments and others use vibrations as an essential functional phenomenon.
The propagation of a wave in the ground, initiated by oscillations, is rather different from the one of a sound wave. Vibrations propagate by means of combined longitudinal and
transverse waves, often resulting in surface waves, of which
each has a different direction, spectral amplitude and attenuation characteristics. The soil typically consists of different layers and discontinuities, and cannot be considered as
homogeneous material. This affects the wave propagation
and can lead to wave guiding in one or more layers. typically,
the typical size of a source in 3D (spherical propagation geometry around point-like source) or 2D (cylindrical propagation geometry around a line-like source) is smaller than the
vibration of the wavelength, such that the vibration attenuation is about 3 - 6 dB per doubling of a distance. Mainly surface waves are responsible for the transmission of vibrations
through the ground. Surface and transverse waves become
destructive when they contain components with wavelengths
(λ, determined by their frequency and by the speed of sound
c via λ=c/f) shorter than the size of structural components.
In such a case, different parts of the component are experiencing a different force, so that they become under large
strain during the passage of the wave. The destructive power
of vibrations further increases when they are amplified due
to building structures responding very strongly to incoming
vibrations at their resonance frequency (also called natural
frequency).
Typically, vibration frequencies are between
1 - 90 Hz and the magnitudes of vertical vibrations are
larger than the ones of the horizontal vibrations. Unlike
earthquake induced vibrations, which can propagate over
hundreds of kilometers, vibrations induced by human activities (e.g. construction works or vehicles) most often do not
spread over a distance further than 100 m from a source.

2

Health Effects and Perception
of Vibrations
Over the years, experimental data for defining limits
of vibration exposure on humans have been collected,
which resulted in the definition of exposure limits for vibration transmitted to the hands and arms of operators
of vibrating tools. Most of the results were obtained
from experiments with a chip hammer.
Since most of the experiments with humans are difficult, time consuming and in extreme cases impossible
to perform, a large amount of knowledge about damaging effects has been obtained from experiments on
animals.
The resonance frequency of a mechanical system that
represents a human body standing on a vibrating plate
excited by vertical dynamic forces is found to be in the
range 20 - 30 Hz, and is often considered as a result
of standing waves in the head-neck-shoulder system.
The fundamental mode of the vibration of the skull is
thought to be in between 300 400 Hz with harmonics
around 600 to 900 Hz.
Vibrations also cause several medical symptoms at
frequencies between 1 and 20 Hz. In Table III, the frequency ranges given are those where the symptoms
are most predominant.
Another symptom, known as “kinetosis”, e.g. motion
sickness, occurs in many forms of transportation and
it is caused by vibrations at frequencies below 1 Hz.
The reaction of people to this kind of vibrations depends on more factors, such as activity, age, or vision.
Table III. Some symptoms for vibration exposure at frequencies between 1 and 20 Hz.
FREQUENCY

SYMPTOMS

4-9 Hz

General feelign of discomfort, contractions of muscles,
influence on breathing movements

5-8 Hz

Lowe jaw symptoms, chest pains

4-10 Hz

Abdominal pains

12-16 Hz

“Lump in the throat”

10-18 Hz

Urge to urinate

13-20 Hz

Influence on speech, head symtoms, increased muscle
tone

3

Measurements and Evaluation
of Vibrations
Vibrations are measured by a so-called vibrometer.
In vibrometers of the accelerometer type, the working principle is similar to the one of a sound level meter, but the microphone is replaced by a component
that picks-up vibrations.
There are many kinds of accelerometers, but the most
common ones are the piezoelectric charge accelerometer, electro-dynamic types or resistant wire strain
gauges. The choice of the type of accelerometer for
measurements depends on the character of vibration
that has to be evaluated, such as noise machinery vibration, vibrations of building elements transmitting
structure-born sound. For most of the measurements
in environmental acoustics, the piezoelectric accelerometer is used, thanks to its very wide frequency and
high dynamic response. The output of a piezoelectric accelerometer is proportional to the acceleration
a [m/s2], from which also the velocity of harmonic components (with frequency f [Hz]), v=a/(2πf) [m/s], and
the displacement amplitude, u=a/(4π 2f 2) [m], can be
calculated.
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2.9. ACOUSTIC PREDICTION METHODS

1 Acoustic simulation

Owing to the improvement and establishment the room
acoustical measurement procedures and the manufacturing
the acoustical equipment of high quality and good reproducibility, internationally accepted standardized room acoustical
measurement methods were proposed in the technical norm
ISO 3382. Apart of the standardized measurement techniques, several other European and American norms exist
concerning speech intelligibility and other auditory quantities.
However, measurement techniques can only be used to assess the acoustical quality of a building, once the building has
been constructed. As a consequence, measurements cannot
directly serve as a tool in the stage of room design.
In the process of architectural design, prediction methods
can help to access the acoustic quality before the building is
constructed. In the past, simplified physical relations were
applied to get an idea about the reverberation time (Sabine
formula) or about the sound pressure level distributions (Sabine, Barron, Vorländer). However, these relations give only a
rough idea about the space and their reliability is restricted
to conditions that are often not realized in practice. E.g. they
assume that the room must be diffuse.
By virtue of software development and increased computation performance, simulation prediction methods have
gained popularity. Acoustic simulations are not limited
anymore to the application of the above mentioned simplified equations. Nowadays, the simulation of a room can be
considered as equivalent to the virtual measurement of the
impulse response of a room, from which many acoustic parameters can be derived, and auralisation can be performed.
Acoustic simulation software allows also for simulation of a
human head properties through so-called Head-related transfer function (HRTF) resulting in a binaural impulse response
and binaural auralisation that offers to a listener a genuine
impression about the place or sound event, without need for
graphical, numerical or semantic explanation, or knowledge
of acoustics.

1

Acoustic simulation
In spite of substantial progress in the understanding of acoustic wave phenomena and the drastic increase in performance
of calculation hardware, the simulation of sound and vibration
propagation in a building and room acoustic context remains
a challenging task. Acoustic simulations require modelling of
sound source characteristics such as the size, the directivity
and the power spectrum of the receiver properties, together
with the propagation characteristics of waves in the medium
between the source and receiver.
A simulation starts from an original sound signal, as it is
would be generated by a natural (vocal sound or sound producing object) or artificial (digital or analogue synthesizer)
source. The sound is then virtually trespassing the medium
between the source and the listener via different paths. The
effect hereof is that the initial sound signal is convolved with
the impulse response of the surrounding space or environment and the Head- Related Transfer Function (HRTF) of the
receiver..
FREQUENCY DOMAIN MODELS
In frequency domain models, calculations are performed frequency by frequency. Most of the models are based on numerical algorithms and need the definition of a “mesh”, i.e. a
spatial discretization, which looks like a grid, with surfaces
and nodes. Meshes can be triangular, tetrahedral etc.. The
higher the frequency needed the shorter the orresponding
wavelength, and the finer mesh needed for the calculation.
Typically 6 points per wavelength are necessary. Well known
are Boundary Element Methods (BEM) and Finite Element
Methods (FEM). Finite Element Methods (FEM) are based on
the representation and approximate solution of boundary value problems of engineering mathematics in terms of solving
the partial differential equations while the Boundary Element
Method (BEM) is based on integral equations. A problem representation by a partial differential equation involves main
variables (temperature in thermal physics or displacement
in mechanics), integral equations interrelating the main variables and/or their spatial or temporal derivatives (such as the
heat flux in thermal physics, or surface forces in mechanics)
In the field of acoustics, frequency domain algorithms are
based on solving the wave equation expressed as a discrete
set of linear equations for the elements, which are subdividing space (and possibly time) into elements. The transfer
functions are based on the harmonic signals where p(t) is the
sound pressure in the point defined as:

so that the wave equation can be reduced to the homogeneous Helmholtz equation:

Boundary value described by the integral equations generally
require a fundamental solution of the original partial differential equations, also called free-space Green functions, which
can be viewed as a solutions to simple physical problems, by
using the point source and an infinite free field.

The Helmholtz integral equation is obtained by applying
the Green’s function to Helmholtz equation, which can be
expressed as a function of the two coordinates along the
source surface S. Helmoltz–Kirchhoff’s equation functions
can be calculated by subdividing only the boundaries of the
environment and assuming the pressure or particle velocity
as a linear combination of a finite number of basic functions
on the elements:

In terms of computational resources, the boundary element
method is often more efficient than FEM, in geometries with
a small surface/volume ratio.
TIME DOMAIN MODELS
In room acoustics, time domain models are highly valued,
thanks to their simple manipulation and short calculation
time. Time domain algorithms are based on the elastic coupling between discretized volume elements, as described
by discretized expressions from mechanics (Newton’s law,
Hooke’s law and the Navier-Stokes equations). This coupling
between neighboring volume elements ultimately leads to the
dynamic motion of the whole volume considered.

Figure 47. Example of time domain time domain model.
IMAGE SOURCE METHOD
The Image Source Method (ISM) is a deterministic method,
which starts from a configuration assuming a point source
and a point receiver, which are present in the room of interest.
The ISM is based on the law of reflection, where the sound
reflected from the wall in the acoustic model can be understood as arriving from an image source. This image source
can be geometrically constructed as a mirror image of the
real source formed by the plane, e.g. wall, ceiling or any other
plane in the model.

Figure 48 Example of the image sources of the first and second
order in the example of the 2D model
Image sources, constructed as images from the real sound
source, are called first order images. In Figure 49 they are
indicated as IS1, IS2, IS 3, IS 4 (without prime), with the index
referring to the mirror plane. However, models of rooms contain typically many planes and after the calculation of all first
order images, subsequent mirroring processes can be taken
into account, resulting in the creation of second-order image
sources (indicated in the Figure 48 by the primes).
This process can be repeated many times creating third-,
fourth- or x- order images. Reflections are then collected in
a reflectogram, which indicates the intensity, the arrival time
and the direction of each ray reflection.
In normal circumstances, the number of image sources grows
exponentially with the length of the impulse response, which
is one of the reasons why the usage of ISM is possible only for
calculating the initial part of an impulse response. A second
problem is that the ISM cannot handle diffuse reflections
in an efficient way since it is based on specular reflection.
Therefore, in practice the ISM is often combined with other
methods, such as ray or beam tracing methods.
RAY-TRACING
Ray-tracing methods used in acoustics presume, just like
ISM, that the sound waves can be simulated as rays. Physically, this corresponds to reality provided that the geometrical
objects encountered by the waves have dimensions that are
much larger than the wavelength. This correspondence thus
depends on frequency. Strictly speaking, ray tracing cannot
cope with diffraction effects at long wavelength and low frequencies, but by making use of multiple scattered ray generation for reflection events, diffraction can, to some extent,
be mimicked. Ray-tracing involves the generation of a large
amount of rays from a point source, and the monitoring of the
trajectories of each ray. The way how the rays are sent from
the source can be predefined or stochastic. Typically a normal distribution is used for the ray directions. In ray-tracing,
receivers are modeled as volume objects, shaped as a sphere
or a cube. Spheres are most common, thanks to their omnidirectional shape, which is convenient for the calculation. Before the simulation starts, a reference plane (usually a plane
at the height of the human ears) has to be chosen and discretized according to the wanted precision, typically in half to
one meter steps for auditoria (Figure 50 - left). The size of the
step is then used as the size of the (volume) receiver. For rays
penetrating each receiver, the sound intensity, arrival time and
spectrum (determined by the filtering steps induced at each
surface encounter along the followed path) is registered. Ray
tracing is useful for creating so called acoustic maps, suitable
for displaying the distribution of the sound energy in the chosen reference plane.

Figure 49 An example of the trajectory of rays in the ODEON software®.
Ray-tracing algorithm is noted for his good results for predicting room acoustical quantities, such as reverberation time T15,
T30 [s], early decay time EDT [s], sound pressure level Lp [dB],
Clarity C50, C80 [dB], Deutlichkeit D50 [%] and the STI value [%].
Ray-tracing simulations can be performed faster than BEM or
ISM simulations, but due to the approximations made with respect to diffraction and scattering, whose effect is especially
noticeable in the early part of the impulse response. The three
approaches are often combined in an optimized hybrid method (see further, section Hybrid Methods).
BEAM–TRACING METHOD
Beam-tracing was introduced by Heckbert & Hanrahan (1984)
as a variant of ray-tracing, the main difference lies in the thickness of the rays. The method has been already used in many
applications, such as acoustic modelling, illumination, visibility determination, and radio propagation prediction (Funkhouser et al, 1984).
Beam-tracing uses pyramids (Lewers, 1993) or cones (van
Maercke & Martin, 1993), which are sent from the point source.
Their trajectory is then defined by the reflections from the
boundaries of the model (i.e. walls) and detected by the point
source. The use of point sources helps to eliminate the large
amount of the exponentially growing image sources (Figure
51).
The cone-tracing method uses circular cross sections of rays
with the advantage that the radiation of the rays from the
source is done in a properly controlled way. Pyramid-tracing
on the other hand does not suffer from problems of cone
overlap, since the surface around the sound source can be
covered in an exact way. In cone tracing, overlap errors are
often eliminated statistically. (Drumm & Lam, 2000) The
strong point of beam tracing lies in the geometric coherence,
i.e. each beam represents an infinite number of potential ray
paths, without issues with sampling artefacts (Lehnert, 1993)

Figure 50. Illustration of the ray-tracing and cone-tracing method
HYBRID METHODS
One of the most explored combinations of simulation methods for room impulse response simulations makes use of ISM
and RTM. By combining the methods, their individual shortcomings can be avoided while exploiting their strengths, leading to satisfactory results for the calculation both early and
late parts of the impulse response, and thus for realistically
sounding auralizations and for the calculation of objective parameters.
In the past thirty years, several computer programs were developed based on the hybrid method. Nowadays ODEON software®, CATT Acoustic® , EASE and RAVEN are the most used
ones.
CATT Acoustic® was developed by Dalenbaek (1995) and is
based on the prediction of early reflections by the ISM and of
the late reflections by high-order reflections, using randomized tail-corrected cone-tracing.
ODEON software® combines the Image Source Method and
Early Scattered Rays to calculate early reflections and a modified ray-tracing algorithm for later reflections. At every reflection event, late rays generate local diffuse secondary sources,
which radiate sound with a directivity according to Lambert’s
cosine-law. The direction of every incident ray, which has created a secondary source, is taken into account, and the polar
scattering patterns are based on a vector calculation involving Snell’s law and Lambert’s law into one final scattering direction of the ray (Rindel & Christensen, 2003).
AURALIZATION
Auralization refers to the process in which a measured or
simulated sound field is made audible. Typically, the impulse
response is used for the description of the sound field itself,
and an anechoic recording for the source signal (Vorländer
2008).
PRINCIPLES
In room acoustics, it is considered that sound propagates in
only one medium, i.e. air, which makes prediction somewhat
easier in comparison with building acoustics. There are different methods (ray-tracing, image source method, different
frequency-domain methods) to calculate the room impulse
response, or the transfer function of a room.

Figure 51. Illustration of the auralization chain, e.g. sound generation, transmission, radiation, signal processing and reproduction (Vorländer 2008).

Click on speaker icon to play sound.

Figure 52. Example of an auralization based on convolution between a room impulse response (measured or simulated) and
anechoic recording

Figure 53. Example of an auralization based on convolution between a room impulse response (measured or simulated) and
anechoic recording
BRIEF OVERVIEW OF LITERATURE
One of the first known attempts to perform an auralization
was probably done by Spandök [
,
], who used a scale
model for this experiment. Anechoically recorded speech and
music
was first scaled in frequency domain, in the same ratio as
the scaled model of the room. This sound was played and
recorded in the physical model and afterwards rescaled back
to a real scale. Later on, several researchers have used similar
techniques. The use of the digital filters started with more
advanced computers and multiple-loudspeaker auralization
systems containing from 10 to 50 loudspeaker setups in anechoic rooms. These techniques emerged in the 1960s, in
work by Meyer et al (1965), Kleiner (1980), Bech (1990) and
others.
Nowadays, the approach for generating auralizations in room
acoustics is based on the measurement or simulation of the
binaural impulse response between the sound source and receiver, which is later convolved with an anechoic sound wave.
Playback can be achieved afterwards via headphones or by a
loudspeaker-sound play-back system. The calculation of the
Room Impulse Response (RIR) and Binaural Room Impulse
Response (BRIR) was described in the previous chapters and
can be obtained from different simulation models based on
the Image source method (ISM), Ray-tracing method (RTM),
Boundary element method (BEM) or different hybrid methods.
The convolution of the BRIR with anechoic wave can be performed directly in time domain, but more often the frequency
domain equivalent is used, since Fast Fourier Transforms
(FFT) of the audio signal and impulse response followed
by their multiplication and inverse FFT can be done very fast
and accurately (Kleiner et al 1993).
Current auralization techniques use approximations of the
room geometry, sound source and receiver properties. Nevertheless, it is important to model the sound source in acoustic
models and to record the anechoic signal with great care. For
some musical instruments multichannel anechoic recording
was proposed (Rindel et al , 2004).
Besides the generation of signals to be auralized, also their audio-presentation is crucial for a good result. The playback of
an audio signal can be done by using headphones or by usage
of loudspeakers in an anechoic room. In case of headphone
presentation, an appropriate headphone filter has to be used
on listening sample, in order to neutralize its own response. In
case of multiple loudspeaker-based listening, crosstalk cancellation needs to be considered.
By realizing all important conditions, auralization can serve as
an excellent acoustic presentation tool for an acoustic comfort description.
Auralization also acts as a strong link between room acoustics and virtual reality applications, where technology allows
a user to interact with a computer-simulated environment. In
the past, virtual reality environments were developed especially for visual experiences, but recent simulations include additional audio information given via speakers or headphones.
This approach allows a user to imagine acoustic situation in
a place without any knowledge about acoustic numbers. Auralization has thus become an attractive tool to communicate
efficiently between the acoustic consultancy offices and customers without acoustic background.
The use of auralization is obvious also in other fields, such as
education, hearing research or entertainment.
SCALE MODEL MEASUREMENTS
PRINCIPLES
Measurements on scale were very popular in the past, when
advanced prediction computer programs were not yet available. The principle of scale model measurements is simple. A
model of a room is built to a small scale (e.g. S=1/20), and
where needed, the measurement parameters, such as the frequency range, are scaled by the same fact so that the ratio of
the wavelengths to the sizes of the scale model measurement
is the same as the ratio in real life/real size circumstances.
This requires the assessment of very high frequencies (e.g. for
S=1/20, the real life frequency range of 100-5000Hz scales up
from 2000 to 100000Hz). Typically, a source producing short
(with substantial high frequency content) and small (with
a substantial small wavelength content) electric spark is used,
in combination with a 1/8 inch (which is smaller than the size
used in classical audio-measurements).
BRIEF OVERVIEW OF LITERATURE
In the past decades, different scale-model methods were developed and some of them have been used till today. The Light
Ray Method used light rays instead of the sound waves and it
was typically performed in the scale 1:50 to 1:200. This method can be used to investigate the sound intensity distribution, by using the luminous intensity. Some relatively recent
detailed investigation can be found in the work of Pinnington
et al (1993).
Several authors refer the Spark Method, not only for room
acoustic applications, but also in urban acoustics (Barron &
Chiney 1979; Nijs 1977, Jacobs et al 1980). One of the major
problems in this scale-model approach is the attenuation of
sound in the air, which becomes very large at high frequencies
and also depends on the humidity of the air. Some proposals
on working in dry air and other gases such as nitrogen were
made by Spandök et al (1967), Ishii and Tachibana (1974). In
the eighties, binaural scale model measurements on scale
1:10, by using a miniature artificial head(Els & Blauert 1986).
EXAMPLE
Example of an acoustic measurement on scale model is
shown in Figure 54.

Figure 54. Left: Scale model of an open air theatre (M 1:20). Right:
quarter inch microphone, device for creating the omnidirectionality of a microphone and a spark source.
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BEFORE THE COSTLY CONSTRUCTION/ REDESIGN OF A
STRUCTURE it is economically sensible to put the planned
structure under test. The most basic form to do so is via numerical calculations of interesting acoustic parameters. Taking this a step further leads to computer simulation and the
very ambitious might even consider using a scaled-down realife model for investigation.
Simulation efforts concentrate mainly on interior acoustics
but methods for interior to interior and exterior to interior
sound transmission (isolation capacities of floors and inner/
outer walls) are available as well.

1

Simulation Methods
ALL RELEVANT ROOM AND BUILDING ACOUSTICS PARAMETERS can be calculated via well-established formulas. Quite
obviously, this is time consuming for experts and non-experts
alike. Equations tend to get quite complicated and more often than not, computers are used to speed up the simulation
process.
Probably one of the first attempts to use the computer modelling was done by Schroeder et al (1962) and Schroeder (1973).
The first ray-tracing simulation of a concert hall was probably
done by Krokstad, Strøm and Sørsdal, followed by other researchers. Thanks to the development of the computers and
acoustical theories, these methods soon took their place in
the research and in acoustic consultancy.
Computer simulations provide modelling methods of acoustic spaces as well as the sources and receivers in them.
These simulation methods provide an important advantage
over nominal simulation: the visualization of sound paths.
Generally speaking, two main categories can be distinguished: wave-based simulated acoustics for low to mid frequencies and geometric simulated acoustics for mid to high
frequencies. As high-quality results are hard to come by when
only one single method is employed, there are hybrid methods that can solve high and low frequency problems.

WAVE-BASED SIMULATED ACOUSTICS
Wave-based simulated acoustics is based on numerical solution of the wave equation. The two main methods employed
in this approach are: the finite element method (FEM) and the
boundary element method (BEM). In both methods space is
divided into small elements (or nodes) and the size of these
elements needs to be considerably smaller than the acoustic
wavelength under investigation.
Finite Element Method (FEM) – based on pressure, accounts
for interference phenomena, divides the whole element into
a finite number of small elements (finite element discretization). FEM is mainly used in mechanics and fluid dynamics,
where relation between the force and displacement in every
element is considered. In acoustics, the sound pressure in
every element is defined by, so called, “shape function” and
in the nodes of the elements, this function has to satisfy the
wave equation and to fit continuously between nodes. In order to be able to obtain the sound pressures in the field from
the shape function, all elements entries are combined in the
stiffness, mass and damping matrixes.
Boundary Element Method (BEM) – ability to calculate fields
external to the object one is looking at, only the boundary of
an element is discretized into a finite number of boundary elements. In acoustics, BEM is mainly used in radiation and scattering problems, where the boundary surfaces are divided
into discrete elements with appropriate acoustical properties.
Each of these elements is then considered as a sound source
which is radiating the sound energy to the closed space and
contributes to the generation of the impulse response..

Figure 1. Example of the 3D mesh of a human head (left) and
hearing aid (right) prepared for the BEM simulation.
Acoustical models simulated by FEM and BEM give very precise results for particular frequencies. However, high precision on frequencies is often not important since in the architectural acoustics, precision on octave bands is satisfactory.
It is more important to have data covering the wide audiofrequency range. This makes the total calculation effort quite
substantial.
GEOMETRIC SIMULATED ACOUSTICS
Geometrical methods try to avoid taking the wave nature of
sound into account, which makes them the ideal tool for mid
to low frequencies. But while they take into consideration
absorption in air and at surfaces as well as reflections, the
problem with these methods is that they ignore phase phenomena (diffraction, interference, resonances), which is problematic in low frequencies: the dimension of the object under
investigation needs to be significantly larger than the wavelength of interest. Thus, geometric simulation is considered
the best option in room acoustics, where venues are much
bigger than the wavelengths under study.
(Mirror) Image-source Method
In this method specular reflections are reconstructed by finding the direct path they take from the mirror image of the actual source to the receiver position. The image-source method needs to be verified for visibility which means checking
that the interference point of the virtual path and the surface
is inside the surface itself and that there are no obstacles that
could obstruct the path. The mirroring process is continued
for as many orders of reflections as should be found; an image source of the third order represents a sound wave that
has suffered three reflections. While this method is very accurate it becomes very complicated with increased reflection
orders and even more so in complex rooms as it is best suited
for rectangular box-shaped rooms and cannot be applied to
curved geometries at all.
Diffraction (when waves bend around small obstacles or
spread beyond small openings) is not modelled with the image-source method.

Figure 2. (Mirror) image-source method
The software, which is based on this method, is keeping track
of the positions of the image sources behind the planes in the
model. By connecting the image sources to the receiver, the
length L of the 3D sound-ray vector is determined, and the
arrival time of each particular reflection can be calculated as
Δt=L/c. An important feature of arriving reflections is their
spectrum. While in an impulse response calculation the emitted direct sound is a Dirac function with a flat spectrum, reflection events at different surfaces go along with filtering,
depending on the frequency dependent absorption of those
surfaces. This can be done e.g. by convolving each reflection
in the reflectogram by a “reflection response” (calculated as a
Fourier transform of the wall’s complex reflection coefficient)
of the hit model surface (Kutruff, 1993).
In addition to this, the intensity of arriving reflections is also
influenced by the travelled distance, and by the (frequency
dependent) directivity of the source. Air attenuation is also
taken into account by applying a travel distance and frequency dependent absorption filter.

Figure 3. Example of the 1st order reflections in ISM (left) and
example of the first 50ms of the impulse response simulated by
the ISM (right) in the CATTacoustic® software (reflections of the
1st, 2nd, and 3rd order).
In this way, all reflections are handled until the intensity of a
reflection is below the hearing threshold, due to the cumulative geometrical decay and attenuation as a result of absorption.
Ray Tracing
In ray tracing sound propagation is described by a finite number of straight paths (or rays) carrying equal power that are
sent out from the source position through specular and diffuse reflections until their energy falls below a certain threshold of interest. While ray tracing is an easy method, it takes
quite a lot of computational power and since a discrete number of rays is used, aliasing is often an issue.
Diffuse reflections can be handled through scattering coefficients and time delay as well as air absorption being taken
into consideration, but diffraction are not modelled with the
ray tracing method.

Figure 4. 2D representation of the ray tracing algorithm, sound
source with omnidirectional characteristics
The ray tracing method can also be used to visualize sound
transmission by representing transmitting surfaces (walls,
floors) as radiating surfaces.

Figure 5. Illustration of a sound wave being reflected from the
boundaries in the source room (left) and partly transmitted into
the receiving room. P1 is the source.
CONTINUATIVE APPROACHES
As the classical geometric methods have shortcomings, continuative approaches, that mostly represent further developments of either scheme or combination of both, emerged over
the past years. Examples for such continuative approaches
are determining visible image-sources by ray tracing, beam/
cone-tracing methods which can overcome aliasing problems, simplification of ray tracing by particles or an extension of the radiosity method to overcome the dependency of
simulations on the receiver position. The downside of these
approaches is highly increased computation complexity that
often renders them impractical for large environments.
Particle Tracing
Using a multitude of closely spaced sound particles, instead
of rays, provides a better visualization of decaying sound,
since the loss of energy can be represented by decreasing
the number of particles after every reflection. Just like in
ray tracing, particle tracing can also be employed for sound
transmission visualization.

Figure 6.(Mirror) image-source (top, left), ray tracing (top right),
beam tracing (bottom left), particle tracing (bottom right)
Phonon Tracing
Phonon tracing separates the calculation processes for tracing and filtering (upon reflection) and by doing so reduces
calculation time when analyzing effects of different materials for the same given sound source as only the filtering part
needs to be recalculated.
The visualization of phonon tracing gives information about
position, outgoing direction, traversed distance frequency
spectrum, reflection history (number of reflections) and last
reflecting material. Furthermore, color-coded phonons (representing different spectral energy levels) of equal history
can be clustered to visualize wave fronts by using triangulated surfaces – giving yet another visualization possibility.

Figure 7. Wave-front propagation from a spherical sound source.
The visualization shows phonons with colorcoded spectral energy due to reflection at different materials.

2

Software
for Computer Simulation
A MULTITUDE OF READY-MADE (commercial) software for
computer simulation, including one or several of the before
mentioned methods, is available from different suppliers.
These software programs usually supply visualization of the
noise propagation – either in 2D or 3D – as well as calculations of all relevant acoustic parameters of the structure
at hand. In the majority of cases these visualizations come
in the form of voxel/ volumetric grids, isosurfaces, contour
maps, ray/ particle/ phonon paths or wave front surfaces but
other representations of course exist as well. Oftentimes, auralization functionalities are also available to get a full auditory experience of the model under investigation.

Figure 8. Acoustic Simulation (ray tracing) with computer software ODEON.
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ROOM ACOUSTICS is the part of architectural acoustics concerned with how sound behaves inside an enclosed space
(room). A person who understands the behavior of sound
can play with it by changing the design of the room and its
materials in order to modify the room’s acoustic properties.
The best suited treatment for a room is determined by the
purpose of a said room. Acoustically speaking, a conference
room, an opera house and a factory are not the same and
therefore cannot be designed equally. Following this logic, it
is clear that the acceptable ranges of the various acoustic
properties of rooms will vary according to the room’s purpose. In a concert hall, for example, the listening experience
will be paramount while lecture theatres favor high speech intelligibility and train stations need to be designed with a view
to controlling the overall noise level, additionally supporting
speech intelligibility of public announcements.
What makes the architect’s job especially difficult is the fact
that design choices are not only influenced by compromises
between acoustics and other (architectural) concerns, but
sometimes even between different room acoustics aspects.
Subjective room acoustics as a science was coined by Wallace Clement Sabine who, starting in 1895, helped increase
intelligibility in the Fogg Lecture Hall of Harvard University’s
Fogg Art Museum. Through his experiments, as well as
through comparisons with acoustically acceptable facilities,
Sabine was able to establish that a definitive relationship between the quality of the acoustics, the size of the room, and
the amount of absorption surface present exists.
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Room acoustics parameters

TRADITIONALLY, REVERBERATION TIME is considered the
global parameter to characterize a room. Many scientists
have identified different reverberation times suitable for music and speech depending on the type of performance as well
as room at hand. One of the earliest of such graphs is from
Watson, published in 1923 and more recent one was publicized by Long in 2006.

Figure 9. Ideal reverberation times defined by Watson for concert halls (left) and auditoria for music and speech (right).

Figure 10. Ideal average reverberation times defined by Long for
varying purposes.
While a wide variety of room acoustics parameters exist,
this Multibook follows mainly the ISO 3382 (ISO 3382-1; ISO
3382-2; ISO 3382-3) standard. Due to the fact that ISO 3382
is mainly concerned with performance spaces, special references to acoustic parameters and their typical acceptable
ranges for other rooms will be made.
Table 1. Basic parameters according to ISO 3382
Subjective
listener aspect

Acoustic quality

Single number
frequency
averaginga (Hz)

Just Noticeable Difference
(JND)

Typical
rangeb

Subjective level
of sound

Sound Strength, G
(dB)

500 to 1000

1dB

-2dB; +10dB

Perceived
reverberance

Early decay time,
EDT (s)

500 to 1000

Rel. 5%

1s; 3s

Perceived clarity
of sound

Clarity, C80 (dB)
Definition, D50
Center time, TS(ms)

500 to 1000
500 to 1000
500 to 1000

1dB
0,05
10ms

-5dB; +5dB
0.3; 0.7
60ms;260ms

Apparent Source
Width (ASW)

Early Lateral Energy
Fraction, LF/LFC

125 to 1000

0.05

0.05; 0.35

Listener Envelopment (LEV)

Late Lateral Sound
Level, LG (dB)

125 to 1000

Not known

-14dB; +1dB

The frequency average of unique number indicates the arithmetic mean for octave bands
except Lj, that must be energetically averaged (Equation A.17)
b
Typical range for averaged values in single positions in auditorium of non-occupied concert- and multi-purpose halls up to 25.000m³
a

AUDIBILITY ON STAGE/ PARAMETERS FOR PERFORMERS
Studying conditions for performers in music halls is frequently neglected, giving more importance to the acoustic quality
of the sound as perceived by the audience. Although several
studies show that the acoustic requirements on stage and in
the audience overlap, the need of musicians to hear their own
instrument and – as reference plays an important role in the
synchronization of instruments – at the same time hear the
other instruments in the orchestra is a good reason not to
ignore this point.
The ISO standard 3382-1:2010 suggests some parameters in
order to minimize this problem:
Table 2. ISO 33821:2010 – audibility on stage/ parameters for
performers.
Subjective performers
listener aspect
(on orchestra platform)

Acoustic
quality

Single number
frequency
averaginga (Hz)

Just
Noticeable
Difference (JND)

Typical
rangeb

Ensemble
conditions

Early Support,
STEarly (dB)

250 to 2000

Not known

-24 dB to
-8dB

Perceived
reverberance

Late Support,
STLate (dB)

250 to 2000

Not known

-24dB;
-10dB

The frequency average of unique number indicates the arithmetic mean for octave bands
except Lj, that must be energetically averaged (Equation A.17)
b
Typical range for averaged values in single positions in auditorium of non-occupied concert- and multi-purpose halls up to 25.000m³
a

Table 3. Additional parameters.

Subjective listener aspect

Acoustic quality

Speech intelligibility

STI, RASTI, STI-PA

Subjective quality of a musical note,
sound or tone

Tone Color/ Timbre – Treble Ratio,
TR; Bass Ratio, BR

Perceived clarity of music

Musical clarity, C80

Perceived rise in strength of early sound

Reflected energy cumulative curves, RECC

Perceived intimacy

Initial time delay gap, ITDG

Perceived dissimilarity of the signals
at the two ears

Interaural cross-correlation coefficient, IACC

SPEECH INTELLIGIBILITY (STI, STI-PA, RASTI)
STI is based on the principle that information in speech is represented acoustically in the form of modulations. The STI is
derived from the Modulation Transfer Function (MTF), which
expresses loss and preservation of modulations.

Figure 11. Reverberation, background noise and reflection influence on the modulation index.

To arrive at single reference numbers, the STI index or the
reference scale after Barnett (Common Intelligibility Scale –
CIS) are most often used.
Table 4. STI index
STI Value

Quality IEC
60268-16

Intelligibility of
Syllables in %

Intelligibility of
Words in %

Intelligibility of
Sentences in %

0 - 0.3

bad

0 - 34

0 - 67

0 - 89

0.3 - 0.45

poor

34 - 48

67 - 78

0 - 89

0.45 - 0.6

fair

48 - 67

78 - 87

92 - 95

0.6 - 0.75

good

67 - 90

87 - 94

95 - 96

0.75 - 1

excellent

90 - 96

94 - 96

96 - 100

Figure 12. STI and CIS reference scales
Measurements for STI are carried out in 7 octave bands (125,
250, 500, 1000, 2000, 4000 and 8000 Hz) and 14 modulation
frequencies for each band, resulting in a matrix of 98 measurement points in total. With about 10ms per measurement
point, STI is rather time consuming and a quicker approach
was defined: the rapid speed transmission index (RASTI).
RASTI measurements are carried out in 2 octave bands
(500Hz and 2000Hz) and 3 modulation frequencies for each
band, resulting in a significantly shorter measurement time
but also less correlation to subjective tests. RASTI - Speech
Transmission Meter for automated measurements is available.
STIPA (speech intelligibility index for public address systems) is a good compromise between STI and RASTI and
allows quick and accurate tests with portable instruments.
It was developed by the speaker manufacturer Bose and the
research institute TNO as a new method for speech intelligibility measurements of PA installations. While it analyzes
the same seven frequency bands as STI, it only considers 2
modulation frequencies for each band.
ACOUSTIC PARAMETERS FOR OPEN SPACE OFFICES
The acoustics in offices has a considerable influence on concentration and thus work performance of employees. ISO
3382-3 lays the focus on the achievement of good private
conversation environment at individual workstations by examining the following parameters:

Table 5. Parameters for open space offices ISO 3382-3
Acoustic quality

Typical range

STI at nearest workstation, STI(nearest)

not available

Distraction distance, rD
Privacy distance, pD

5m; 10m
not available

Spatial decay rate of A-weighted SPL of speech,
125-8000 Hz, D2, S

5dB; 7dB

A-weighted speech at 4m, 125-8000 H), Lp,A,S, 4 m

48dB; 50dB

A-weighted background noise, 125-8000 Hz, Lp,A,B

not available

Distance from source, r

not available
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Room acoustics measurements

MEASUREMENT EQUIPMENT
The combination possibilities of measurement tools are very
large and the most common tools under ISO 3382 are:
• Receiver – for both types: microphone accuracy Class 0
or 1 (IEC 61672)
• Sound level meter (with ½” omnidirectional pressure microphone) OR
• ½” omnidirectional pressure microphone and real-time
acoustic analyzer
• Room acoustics software
• calculation of room acoustics parameters
• reporting
• PC with sound device
• Omnidirectional sound source (with internal/ external
amplifier)
• dodecahedron loudspeaker (preferred) OR
• “vase”-type loudspeaker OR
• balloon OR
• pistol
• Signal generator (can be included in the sound source,
the sound level meter, the room acoustics software or as
a separate program on the PC)
• Microphone calibrator accuracy Class 1 (IEC 60942)

Figure 13. Measurement equipment – Set A: computer, microphone, acoustic real-time analyzer, amplifier, dodecahedron.

Figure 14. Measurement equipment – Set B: computer, sound
level meter, amplifier, dodecahedron.
SPECIAL: OPEN SPACE OFFICES – MEASUREMENT EQUIPMENT & SETUP
Source specifications:
• At least 2 positions (must correspond to actual work
stations in the furnishing plan; for complex geometries,
more positions should be used)
• Typical source height: 1.2 m
• Min. 0.5 m distance to tables and 2m distance to other
reflective surfaces
• Spectrum (based on ANSI 3.5) and sound power must
represent speech at a normal vocal effort.
Signal specifications:
• Perfectly reproducible
• Impulsive excitation: balloon/ pistol OR
• Continuous excitation: omnidirectional loudspeaker
with steady pseudorandom white noise test signal/ exponentially-sweeping sine wave test signal
• For Lp,A,S, 4 m a source with a sound power spectrum of
normal speech (defined in ANSI 3.5) is needed
Receiver specifications:
• At least 4 positions (at increasing distances from the
source and [approx.] linear measurement positions along
work stations – must correspond to actual work stations
in the furnishing plan)
• Typical receiver height: 1.2 m
• Maximum distance to the most remote listener position
must be covered
• Only positions within the range of 2 m to 16 m are used to
determine the spatial decay rate of speech
The measurement session starts with measuring background
noise (NC) and impulse response (IR). Following that, all other
parameters are calculated.
Per ISO 3382-3, only STI measurements are approved, RASTI
and STI-PA cannot be used for measurements that are supposed to fulfill this norm. To achieve highest accuracy, the
sound source used for STI measurements should either be
an artificial mouth or suitable test loudspeaker with similar
directivity characteristics to those of the human mouth.

Figure 15. Measurement setup – open space offices; two measurements with (approx.) linear measurement positions along
work stations.

MEASUREMENT SETUP
Receiver and source positions are chosen to represent the
conditions between listener and speaker situations at their
best. Typically, such measurements are carried out in unoccupied space but with typical background noise. Measurement precision for air temperature is 1° and for humidity 5%.
Source specifications:
• At least 2 positions (ISO 3382: on-stage positions but this
should be amended for different types of rooms; for complex geometries, more positions should be used)
• Typical source height: 1.5m
Signal specifications:
• Perfectly reproducible
• Impulsive excitation: balloon/ pistol OR
• Continuous excitation: omnidirectional loudspeaker
with steady pseudorandom white noise test signal/ exponentially-sweeping sine wave test signal
Receiver specifications:
• Several positions (representative of the specific conditions)
• 6 receiver positions for small rooms/500 seats
• 8 receiver positions for medium rooms/1000 seats
• 10 receiver positions for large rooms/2000 seats
• Typical receiver height: 1.2m
• Min. distance between two positions: 2m
Calibration of the receiver via a microphone calibrator with accuracy according to Class 1 (IEC 60942) is necessary before
the measurement is carried out. If calibration of the sound
source is desired in-situ, a microphone can be placed at 1m
from the center of the sound source with both the sound
source and the microphone 1m above the floor.
The measurement session starts with measuring background
noise (NC) and impulse response (IR). Following that, all other
parameters are calculated.

Figure 16. Measurement setup – with on-stage source position
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Most relevant ISO standards

•
•
•
•
•
•
•
•
•
•

ISO 3382-1:2009 – Measurement of room acoustic parameters; Part 1: Performance spaces.
ISO 3382-2:2008 – Measurement of room acoustic parameters; Part 2: Reverberation time in ordinary rooms.
ISO 3382-3:2012 – Measurements of room acoustic parameters; Part 3: Open plan offices.
IEC 60849:1998 – Sound systems for emergency purpose ( Intelligibility).
IEC 60268-16 – Objective rating of speech intelligibility by
speech transmission index.
ISO 18233:2006 – Application of new measurement
methods in building and room acoustics.
ISO 7240-16:2007 – Fire detection and alarm systems;
Part 16: Sound system control and indicating equipment.
ISO 7240-19 – Fire detection and alarm systems; Part 19:
Design, installation, commissioning and service of sound
systems for emergency purposes.
ISO 17497-1:2004 – Acoustics. Sound-scattering properties of surfaces; Part 1: Measurement of the randomincidence scattering coefficient in a reverberation room.
ISO 17497-1:2012 – Acoustics. Sound-scattering properties of surfaces; Part 2: Measurement of the directional
diffusion coefficient in a free field.
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3.3. BUILDING ACOUSTICS

1 Measurement of Airborne Sound			
2 Measurement of Impact Sound			
3 Quality of Sound Insulation of Building Elements
4 Most relevant ISO standards				

›
›
›
›

FOR THE PURPOSE OF THIS MULTIBOOK, building acoustics
is defined as the study of indoor-indoor (room-room through
walls and ceilings/ floors) and outdoor-indoor (through ceilings and facades) airborne and impact sound and vibration
transmission. Laboratory as well as in-situ/ field measurements (values denoted with the apostrophe) are in practice. For airborne sound transmission, level difference (D)
and sound reduction index (R) are considered, while impact
sound transmission is concerned with impact sound pressure level (Li). The most common measurement techniques
are concerned with sound insulation measured at different
frequencies, usually 100 – 3150 Hz, and yield single values
for airborne or impact sound insulation. The results of these
measurements determine if a room or building is treated well
against noise.
Each European country has developed a normative that specifies the minimum values for airborne sound insulation and
for impact noise insulation. Additionally, many regions and
cities have developed their own normative and it is the architect’s responsibility to be informed about them and to design the building according to prevailing law. The relevant ISO
standards are ISO 10140, ISO 3382, ISO 16283, ISO 10140,
ISO 10848, ISO 140.

1

Measurement of Airborne Sound

AIRBORNE SOUND TRANSMISSION BETWEEN ROOMS
(VERTICAL AND HORIZONTAL)

•
•

•
•
•

•
•

Measurement equipment
Receiver – for both types: microphone accuracy Class 0
or 1 (IEC 61672)
• Sound level meter (with ½” omnidirectional pressure microphone) OR
• ½” omnidirectional pressure microphone and real-time
acoustic analyzer
Room acoustics software
• calculation of room acoustics parameters
• reporting
PC with sound device
Omnidirectional sound source (and amplifier - yearly factory calibration recommended)
• dodecahedron loudspeaker (preferred) OR
• “vase”-type loudspeaker OR
• balloon OR
• pistol
Signal generator (can be included in the sound source,
the sound level meter, the room acoustics software or as
a separate program on the PC)
Octave and third octave band building acoustics analyzer
(IEC 61260)

Measurement setup
Signal specifications:
• Perfectly reproducible
• White noise – no more than 6dB difference between adjacent third octave bands
• Received noise must be at least 10dB above the background noise
Receiver specifications:
• At least five microphone positions in the source room as
well as the receiving room
• Min. distance between two positions: 0.7m
• Min. distance to sound source: 2m
• Microphone calibrator accuracy Class 1 (IEC 60942)

Figure 17. Measurement setup – airborne sound transmission
between rooms.
Calibration of the receiver via a microphone calibrator with accuracy according to Class 1 (IEC 60942) is necessary before
the measurement is carried out. If calibration of the sound
source is desired in-situ, a microphone can be placed at 1m
from the center of the sound source with both the sound
source and the microphone 1m above the floor.
The measurement session starts with measuring background
noise (NC) and reverberation time in the receiving room. The
measurements have to be carried out in third octave unless
there are specific reasons to measure at 16 one-third-octave
band center frequencies (100 Hz – 3150 Hz) and at least five
measurements have to be carried out. These measurements
can then be used to calculate the weighted standardized level
difference (Dn,Tw) as well as the weighted apparent sound reduction index (R’w). The starting points are level difference
D and apparent sound reduction index R’. While D gives the
difference in space and time averaged sound pressure levels
of source room and receiving room, R’ includes flanking and
other acoustic limitations by adding the Sabine equation to
the calculation:

[L1- acoustic pressure level in the transmitting room,
L 2 - acoustic pressure level in the receiving room,
S - area where the element under study is installed,
A - equivalent sound absorption area of the receiving
room]
The values need to be standardized to make up for different reverberation times between similar rooms in field and
weighted to establish a single figure rating descriptor. For
weighting, the standardized measured levels are compared
to reference curves per ISO 717-1:2013. The reference curve
is moved in 1 dB steps towards the measurement curve until
the
average unfavorable deviation is not more than 2.0 dB. An
unfavorable deviation for R’w occurs when the measurement
value is less than the reference value. Single rating numbers
are derived from the reference curve value at 500Hz as this
is considered approximately equal to the A-weighted level difference which would occur if normal speech was used as the
test signal.
AIRBORNE SOUND TRANSMISSION OF THE FAÇADE

Measurement equipment
• Receiver – for both types: microphone accuracy Class 0
or 1 (IEC 61672)
• Sound level meter (with ½” omnidirectional pressure microphone) OR
• ½” omnidirectional pressure microphone and real-time
acoustic analyzer
• Room acoustics software
• calculation of room acoustics parameters
• reporting
• PC with sound device
• Omnidirectional sound source (and amplifier – yearly factory calibration recommended)
• dodecahedron loudspeaker (preferred) OR
• “vase”-type loudspeaker OR
• balloon OR
• pistol
• Signal generator (can be included in the sound source,
the sound level meter, the room acoustics software or as
a separate program on the PC)
• Octave and third octave band building acoustics analyzer
(IEC 61260)
• Microphone calibrator accuracy Class 1 (IEC 60942)

Measurement setup
Signal specifications:
• Perfectly reproducible
• White noise – no more than 6dB difference between adjacent third octave bands
• Received noise must be at least 10dB above the background noise
Receiver specifications:
• At least five microphone positions with a uniform distribution in the receiving room
• At least five microphone positions with a uniform distribution outside the façade
• Min. distance to receiving room facade: 7m (at 45° if
sound source is directional)
• Min. distance to building facade: 5m

Figure 18. Measurement setup– airborne sound transmission of
the façade.
Calibration of the receiver via a microphone calibrator with accuracy according to Class 1 (IEC 60942) is necessary before
the measurement is carried out. If calibration of the sound
source is desired in-situ, a microphone can be placed at 1m
from the center of the sound source with both the sound
source and the microphone 1m above the floor.
The measurement session starts with measuring background
noise (NC) and reverberation time in the receiving room. The
measurements have to be carried out in third octave unless
there are specific reasons to measure at 16 one-third-octave
band center frequencies (100 Hz – 3150 Hz) and at least five
measurements have to be carried out. These measurements
can then be used to calculate the weighted standardized level
difference (Dn,Tw) as well as the weighted apparent sound reduction index (R’w). The starting points are level difference
D and apparent sound reduction index R’. While D gives the
difference in space and time averaged sound pressure levels
of source room and receiving room, R’ includes flanking and
other acoustic limitations by adding the Sabine equation to
the calculation:

[L1- acoustic pressure level in the transmitting room,
L 2 - acoustic pressure level in the receiving room,
S - area where the element under study is installed,
A - equivalent sound absorption area of the receiving
room]
The values need to be standardized to make up for different reverberation times between similar rooms in field and
weighted to establish a single figure rating descriptor. For
weighting, the standardized measured levels are compared
to reference curves per ISO 717-1:2013. The reference curve
is moved in 1 dB steps towards the measurement curve until
the
average unfavorable deviation is not more than 2.0 dB. An
unfavorable deviation for R’w occurs when the measurement
value is less than the reference value. Single rating numbers
are derived from the reference curve value at 500 Hz as this
is considered approximately equal to the A-weighted level difference which would occur if normal speech was used as the
test signal.
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Measurement of Impact Sound

IMPACT SOUND TRANSMISSION BETWEEN ROOMS
(VERTICAL)
Measurement equipment
• Receiver – for both types: microphone accuracy Class 0
or 1 (IEC 61672)
• Sound level meter (with ½” omnidirectional pressure microphone) OR
• ½” omnidirectional pressure microphone and real-time
acoustic analyzer
• Source – standard tapping machine (five hammers
placed in a line, lifted and dropped in turn creating 20 impacts per second)
• Microphone calibrator accuracy Class 1 (IEC 60942)

Measurement setup
Source specifications:
• Perfectly reproducible
• Standard tapping machine in the source room at an angle
of 45° in respect to the direction of any girder or beam, in
order to avoid resonances
• Several different source positions required
Receiver specifications:
• At least five different microphone positions with a uniform distribution in the receiving room
• Min. distance between two positions: 0.7m
• Min. distance to sound source: 2m

Figure 19. Measurement setup – impact sound transmission

Impact Sound Insulation, expressed as a single value (L’nT,w),
is determined from the Impact Sound Level (Li) measured in
the receiving room when the source is excited by a standard
impact sound source.
The values need to be standardized to make up for different reverberation times between similar rooms in field and
weighted to establish a single figure rating descriptor. For
weighting, the standardized measured levels are compared
to reference curves per ISO 717-1:2013. The reference curve
is moved in 1 dB steps towards the measurement curve until
the
average unfavorable deviation is not more than 2.0 dB. An
unfavorable deviation for L’n,w occurs when the measurement
value is more than the reference value. Single rating numbers
are derived from the reference curve value at 500 Hz as this
is considered approximately equal to the A-weighted level difference which would occur if normal speech was used as the
test signal.

3

Quality of Sound Insulation
of Building Elements

Measurement setup
Each material partition and element used in a building has to
be measured in an acoustic laboratory and its acoustic characteristics have to be presented in a test report. The following
part cannot replace normative references but gives general
understanding of how the measurements in a laboratory are
carried out in order to understand the test report of each element.
Airborne sound insulation (represented by the sound reduction index R/ R’) is derived from the difference between sound
pressure levels in the source and receiving rooms plus a factor taking into account the absorption of the receiving room.
Impact sound insulation is derived from the impact sound
level (sound pressure level) measured in the receiving room
when the source room is excited by the standard tapping machine.
Measured R-curve is compared to a reference curve, which is
shifted in 1dB steps until the mean unfavorable deviation of
the R-values is as large as possible but no more than 2.0dB
Laboratory Facilities
Laboratory test facilities consist of two different-sized adjacent reverberant rooms with a test opening in which the element under test is inserted between them. The rooms have
to be one next to the other in order to measure the airborne
transmission of vertical elements or one on top of the other in
order to measure impact sound transmission.
Test Opening
The opening size is defined by the element under test. For
massive elements as floors or walls, the size will be 10m² for
a wall element and between 10 and 20 m² for floor elements.
It is recommended that the element covers the whole surface: from floor to roof for walls and from wall to wall for floor
elements.
Small elements are installed in the partition in a representative way of the common usage, e.g. windows, doors, small
technical elements. The way they are installed during the
measurement has to be detailed in the measurement report.
The measurement has to be repeated for three installation
positions.
Mobile elements such as windows and doors have to be
used as if they would be installed in a building and have to be
opened and closed at least five times immediately before the
measurement.
Measurement of airborne sound and impact sound
• Install the element in the test window in a representative
way of the most common case (the details of the installation are explained in the test report)
• In the transmitting room a diffuse sound field is generated via a mobile loudspeaker or via equal but non-correlated loudspeakers placed in two or more fixed positions.
• The average acoustic pressure levels are measured in
both rooms in the frequency range between 100Hz and
5000kHz (in special cases going down to 50Hz and/ or
up to 10kHz).
• The expert performing the measurement must be outside the test rooms while the measurement is carried out
• With the acoustic pressure levels of each octave of both
rooms measured, the sound reduction index can be calculated as follows for every frequency:
•

[ L1- acoustic pressure level in the transmitting room,
L 2 - acoustic pressure level in the receiving room,
S - area where the element under st udy is installed,
A - equivalent sound absorption area of the receiving
room]
Airborne Sound Measurement according to ISO 10140
Determination of the Airborne Sound Insulation of Components in Laboratory
Manufacturer:
Customer
Test item installed by:

Product designation:
Test rooms:
Test date:

Description of the test item:

...................... Frequency range corresponding to the
- - - - - - - - - - curve of the reference data (ISO 717-1)

Sound Transmission Class:
STC Rating = 22 dB

dB

70

Frequency
Hz
50
63
80
100
125
160
200
250
315
400
500
630
800
1000
1250
1600
2000
2500
3150
4000
5000

R
third octave
dB
10,6
7,6
4,9
6,8
7,5
12,3
17,1
17,2
15,8
17,8
18,7
20,7
20,6
22,5
23,0
23,2
24,3
25,1
25,7
25,6
27,3

Weighting acc. to ISO 717-1:
R w (C; Ctr) =
22

6,6 m²

60

18,3 °C
61,4 %
81,5 m³
72,5 m³

Ref. curve

50

Sound Reduction Index R

Surface S test item:
Site-specific mass:
Air temp. in test rooms:
Humidity in test rooms:
Volume transmission room
Volume receiving room

40

Shifted
reference
curve

30

20

Measuring
curve

10

0

125

500

2000

Hz

Frequency f

-( 1; -3 ) dB

The determination is based on measurement results
which were measured in third octave bands.

C50-3150 = -1 dB

C50-5000 = 0 dB

C100-5000 = 20 dB

Ctr50-3150 =

Ctr50-5000 =

Ctr100-5000 = 13 dB

-4 dB

-4 dB

Test Report No:

Date:

Signature:

Figure 20. Example measurement report for airborne sound
transmission.

4

Most relevant ISO standards

•
•
•
•
•
•
•
•
•
•
•
•

•
•

•

•

•

•

ISO 3382-2:2008 – Measurement of room acoustic parameters; Part 2: Reverberation time in ordinary rooms
ISO 717-1:2013 – Acoustics. Rating of sound insulation in
buildings and of building elements; Part1: Airborne sound
insulation
ISO 717-2:2013 – Acoustics. Rating of sound insulation in
buildings and of building elements; Part2: Impact sound
insulation
ISO 10140-1:2010 – Acoustics. Laboratory measurement
of sound insulation of building elements; Part 1: Application rules for specific products
ISO 10140-1:2010/amd 1:2012 – Acoustics. Laboratory
measurement of sound insulation of building elements;
Part 1: Application rules for specific products.
Amendment 1: Guidelines for the determination of the
sound reduction index of joints filled with fillers and/or
seals.
ISO 10140-2:2010 – Acoustics. Laboratory measurement
of sound insulation of building elements; Part 2: Measurement of airborne sound insulation
ISO 10140-3:2010 – Acoustics. Laboratory measurement
of sound insulation of building elements; Part 3: Measurement of impact sound insulation
ISO 10140-4:2010 – Acoustics. Laboratory measurement
of sound insulation of building elements; Part 4: Measurement procedures and requirements.
ISO 10140-5:2010 – Acoustics. Laboratory measurement
of sound insulation of building elements; Part 5: Requirements for test facilities and equipment
ISO 16283-1:2014 – Acoustics. Field measurement of
sound insulation in buildings and of building elements;
Part 1: Airborne sound insulation
ISO 16283-2 – Acoustics. Field measurement of sound
insulation in buildings and of building elements; Part 2:
Impact sound insulation (under development) will cancel
and replace together with ISO 16283-1:2014 the ISO 14014:2004 and ISO 140-7:1998
IEC 61672-1 ed2.0 Electroacoustics: Sound level meters;
Part 1: Specifications
ISO 15712-1: 2005 (EN 12354-1:2000) – Building Acoustics. Estimation of acoustic performance of buildings
from the performance of elements; Part 1: Airborne
sound insulation between rooms.
ISO 15712-2: 2005 (EN 12354-2:1999) – Building Acoustics. Estimation of acoustic performance of buildings
from the performance of elements; Part 2: Impact sound
insulation between rooms.
ISO 15712-3: 2005 (EN 12354-3: 1999) – Building Acoustics. Estimation of acoustic performance of buildings
from the performance of elements; Part 3: Airborne
sound insulation against outdoor sound.
ISO 15712-4: 2005 (EN 12354-4:2001) – Building Acoustics. Estimation of acoustic performance of buildings
from the performance of elements; Part 4: Transmission
of indoor sound to the outside.
ISO 16032:2004 – Measurement of sound pressure level
from service equipment in building – Engineering method
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3.4.MODERN MEASUREMENT METHODS

›
2 Practical application				›
1 Theoretical Background			

THE ACOUSTIC CAMERA is a relatively new measurement
tool that was originally used in the aerospace and automotive industries but has found its way into room and building
acoustics over the last decade. The principle of this tool is uncannily simple with acoustic properties of any measurement
object displayed in form of so called “acoustic photos” where
false-color acoustic maps are superimposed on optical images or 3D models of the measurement scene/ object. The
advantages in using this technology are obvious: it is a simple
yet smart tool that is easy to use and gives reliable results
within seconds.
The Acoustic Camera consists of the following main parts:
• microphone array (numerous geometries are possible
and will be chosen according to the application at hand)
• data recorder/ data acquisition unit
• recording and post-processing software “Noise Image”

Figure 21. Typical Acoustic Camera components: (spherical) microphone array, laptop with NoiseImage software, data acquisition unit.
For room acoustics purposes, a spherical array (48 – 120
microphones, 35 – 60 cm diameter) is used. These acoustically transparent arrays made of a carbon fiber mesh are
omnidirectional and allow recording sounds coming from any
direction. Where leakages are a problem, planar ring arrays
(48 – 72 microphones, 75 – 100 cm diameter) are usually
used as the interesting measurement object is most likely at
one specific plane.

Figure 22. Comparison of acoustic measurement performed according to ISO standard and with acoustic camera.

1

Theoretical Background

BEAMFORMING
The term “beamforming” historically stems from active localization systems (SONAR, phased RADAR) and is used in
sensor arrays for directional signal transmission or reception.
A wellknown example of active beamforming is the sonar of
a submarine which emits pulses of sound into the ocean
and listens for echoes. Simplified, the process works as follows: The emitted pulses are reflected off an obstacle and
sent back to the antenna, the runtime between sending and
receiving said pulses is used to calculate the distance to the
obstacle as well as its shape. Nowadays, the term beamforming is used synonymously for active systems as well as for
purely passive localization methods like the Acoustic Camera. Beamforming, for the purpose of architectural acoustics,
means a signal processing technique used to determine the
position of sources in wave fields.
Based on beamforming, the Acoustic Camera applies centuries-old knowledge about basic physics.
Time domain beamforming
In time domain beamforming, similar to the way human hearing works, the Acoustic Camera uses a number of sensors
(microphones) to record sound and processes runtime delays
from said sound to each sensor to determine where a certain
noise is coming from and in what amplitude.

Figure 23. Humans localize sound sources by the runtime delay
in a signal reaching their ears.
For every individual focus point, the relative runtime delays
between the focus point and each microphone channel are
compensated for. These runtime delays are then used to shift
the original time signals which are then summed up, resulting in constructive interference for sources at the focus point
and dampening of sources in other points. The result is further amplified by the number of microphones used in the array. Dividing by the channel number gives an estimated time
function which is comparable in its power content to the original time signal at this focus location.
Frequency domain beamforming
In frequency domain beamforming, Fourier transforms of the
individual microphone signals yield the reconstructed spectral function at each focus location. Simplified, the signal can
be seen as a cake and the frequencies contained in this signal are the ingredients to bake said cake. Simplified, a Fourier
transform is the way to extract each ingredient from a cake
without knowing the recipe.

Figure 24. Runtime delays from every pixel in the measurement
plane to every microphone of the array are calculated
For each of those many time functions, interesting parameters (such as sound pressure level) can be determined easily and simultaneously. This way, a mapping of the complete
sound pressure distribution in the measurement plane can be
calculated.

Figure 25. Time domain beamforming
Frequency domain beamforming
In frequency domain beamforming, Fourier transforms of the
individual microphone signals yield the reconstructed spectral function at each focus location. Simplified, the signal can
be seen as a cake and the frequencies contained in this signal are the ingredients to bake said cake. Simplified, a Fourier
transform is the way to extract each ingredient from a cake
without knowing the recipe.

Figure 26. Time domain and frequency domain representation
of a 500 Hz sine (top) and a 500 Hz and 1 kHz sine (bottom).
The Fourier analysis decomposes a signal into a superposition of simple oscillations. Each of these oscillations is characterized by its amplitude, frequency and phase. Amplitude
is the maximum displacement of the oscillation, frequency
means the rate of oscillation and, finally, phase determines
the state of oscillation at time t = 0. In other words, a change
in phase leads to a temporal shift of the oscillation curve. In
frequency domain beamforming, a Fourier analysis of the
signal for each microphone is performed. Following that,
like in time domain beamforming, a point x is focused and it
is assumed that all signals have their origin in x. Due to the
runtime delays between x and every single microphone the
phases of the oscillations at hand are matched accordingly. It
is thus assumed that every oscillation is caused by a wave of
identical frequency and amplitude originating in x at the individual microphones. The advantage of this method is that it
enables frequency-sensitive analysis, which means that only
oscillations of a certain frequency range can be considered.
Real noise sources usually feature such a limited range.

Figure 27. Frequency domain beamforming
Localization characteristics such as frequencies that can be
covered, spatial resolution or dynamic range
(signal-tonoise ratio) depend – besides environmental factors and the
composition of the signal in question – on array geometry
(actual array size as well as number and arrangement of microphones) and, more importantly, on the sampling rate of
the data recorder
. Deconvolution algorithms like Clean
SC or HDR (High Dynamic Range) can help add quality to a
recorded signal in post-processing by sharpening main lobes
and suppressing side lobes.

2

Practical application

LOCALIZATION PRINCIPLE – 2D
If the Acoustic Camera is used in a two-dimensional environment, a measurement plane (often also referred to as a virtual
image plane, object plane or photo plane) at the location of
the measurement object is introduced. This plane is subsequently divided into rows and columns (resulting in pixels)
and time or frequency domain beamforming is applied for
each pixel. The values are then saved in an acoustic map that
is superimposed on the measurement plane.

Figure 28. Two-dimensional noise leakage map of a GFRP plate
mounted on the test bench.

LOCALIZATION PRINCIPLE – 3D
Localization of sound sources in a three-dimensional environment works similar to the 2D approach in terms of theory.
The practical application is different in that the measurement
plane is substituted by a 3D model of the object in question.
The acoustic map is superimposed on the 3D model via either coloring points of a point cloud model or triangles of a
triangle mesh model.

Figure 29. Three-dimensional distribution of the sound pressure
level of first (left) and second (right) reflection of a pistol fired in
the Big House (Ann Arbor, Michigan).

ROOM AND BUILDING ACOUSTICS TOOLS IN NOISE IMAGE
The measurement and post-processing software Noise Image is a modular plug-in tool with analysis modules geared
towards different applications. One of these is the invaluable
room and building acoustics module, which allows the user
to calculate standard room acoustics parameters (Reverberation Time, Early Decay Time, Clarity, Definition and Center
Time) but also to display sound sources and reflections in
2D and 3D acoustic maps. This visualization possibility represents a significant advantage to traditional methods as it
allows the user to identify quickly actual sound sources and
– more importantly – where reflection, absorption or diffusion occur and how different surfaces influence reflection,
absorption and diffusion.

Figure 30. Typical room acoustics measurement setup: dodecahedron and spherical array (120 microphones) in a concert hall.

For room and building acoustics analysis, the Acoustic Camera can be used as a tool to identify sound sources and to
give information about reflective, absorptive and diffuse
properties of surfaces that can provide support in building
or redesigning decisions and also to verify simulations after
implementation.

Figure 31. Acoustic photo of reverberation times in a sound studio – RT10 left and RT60 right.

Figure 32. Acoustic photo of a broken window-sealing resulting
in noise leakage from outside the room.

Figure 33. The location of the sound waves reflected from the
wall with and without diffusor.
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Planning and Acoustic Zoning

Before diving into the details of the build-up of floors, walls,
ceilings, windows and doors, it is very important that designers take their time to think carefully about the general planning of their building, i.e. “which space goes where”. Typically,
a lot of money and effort have to be put into solving acoustic
problems that result from careless architectural planning, for
example by locating a loud space (e.g. mechanical workshop)
directly next to a noise sensitive space (e.g. a meeting room).
Depending on the intended use of the various spaces in a
building, it is usually clear from the start which spaces will
have loud sound levels and which spaces are the noise sensitive ones (i.e. where a good degree of silence is needed).
Some spaces, like a concert hall, are both loud (during loud
music passages) and noise sensitive (during quiet passages).
Firstly, as a general rule, always try to separate loud and
noise sensitive spaces, by maximising the distance between
them, introducing buffer spaces, or even by locating them in
different parts of the building. When doing this, always think
in terms of plan as well as section, because sound spreads
three-dimensionally. Remember, the nearest loud or noise
sensitive space may be located right above or below you! In
addition, think of both airborne sound and structureborne
sound resulting from impacts on the floor (walking, dancing,
jumping, …).Do not assume that technical “add-on” solutions
will resolve any situation. For example, one of the most stringent situations is a dance room or a gym (typically with wide
spans) located directly above a noise sensitive room (e.g. a
meeting room or a music rehearsal room). Only drastic measures, requiring a lot of space, can solve this superposition,
such as separate structures (“superposed tables” – see below) or very stiff and large build-ups involving massive vibration isolation. It is a lot easier and cheaper to locate those
spaces elsewhere, e.g. by situating the dance room on the
lowest floor of the building (i.e. on the stiff foundation slab),
where a lightweight and compact floating floor will be sufficient to solve the problem.
In addition to buffer spaces, sometimes a so called acoustic
joint can be an effective way to literally divide a building into
two (or more) acoustically separate zones, which are isolated
vibrationally from each other. Acoustic joints stop - or at least
strongly attenuate - the propagation of structureborne sound
(i.e. vibrations) through the building.
More commonly found design elements are sound locks. If
more than 35dB of airborne sound isolation is needed between two spaces connected via doors, then a small and
highly absorbing buffer space (sound lock) is needed between them. At the early stages of planning space should be
allocated for those sound locks.
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Acoustic Joint

An acoustic joint is a cut line through a building, splitting the
building into two or more parts, each being acoustically independent. The acoustic joint line applies to both the structure
and the finishes. The aim of an acoustic joint is to stop the
propagation of vibrations through the structure (structureborne sound). An acoustic joint can be a simple means of offering a high degree of acoustic isolation. If the room layout
is organised cleverly loud and noise sensitive rooms are kept
apart spatially.
An acoustic joint can be implemented by keeping both structures fully separated by means of an air gap or soft material,
or by means of springs or neoprene isolators. The acoustic
joint needs to be implemented both in plan and section. During construction, rigid bridging of the acoustic joint by concrete debris etc. should be avoided. In addition, the acoustic
joints must not be bridged by ducts, pipes, cables or finishes
going across them.

Figure 1. Implementation of acoustic zoning by means of a buffer space (for airborne sound isolation) and an acoustic joint (for
structureborne sound isolation). This allows a good separation
of the loud zone (e.g. concert hall) from the quiet zone (e.g. offices, meeting rooms).

Example of acoustic joint in ENSEMBLEHAUS, Freiburg.
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Sound Lock

A sound lock is a small (minimum 1m wide) buffer space connecting two spaces together via two doors on either side of it.
The surfaces of the sound lock are to be lined with acoustically absorbing materials. A sound lock is generally needed
when more than 35dB of acoustic isolation is required between two connected spaces. This corresponds to the maximum practical performance that can be obtained with an
easily operable
single acoustic door. Heavy specialist metal doors with higher acoustic performances, although available, will not be suitable for practical everyday use.
Once the general layout and spatial organisation of the building have been optimised with due consideration for acoustic
separation, it is time to translate the conceptual room boundary lines on the plans and sections into real construction elements.
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Single Massive Walls
vs. Double Lightweight Walls

There are two fundamental ways of creating walls – or other
room boundaries – with high airborne sound isolation.
The first is to increase the surface mass (expressed in kg/
m2) of single constructions. This is usually done (1) by using materials with high mass density (kg/m3) such as concrete or brickwork, (2) by increasing the thickness, and (3)
by avoiding internal air cavities inside slabs, bricks or blocks.
The underlying theoretical principle is the mass law, stating
that every doubling of surface mass (i.e. thickness) will yield
6dB additional airborne sound isolation. However, an exception, with high practical importance, is the case of typical
concrete elements: 100mm thick massive concrete gives approximately
49dB Rw, 200mm thick massive concrete around 59dB Rw
and 400mm concrete up to 70dB Rw. This is more than 6dB
per doubling of thickness!
The second way to provide airborne sound isolation is to
use double constructions, typically lightweight, with an air
cavity in-between. This is the case for double plasterboard
partitions, now commonly used in the building industry. The
underlying theoretical principle is the mass-spring-mass
system, because the air cavity behaves like a spring, mechanically connecting both masses (i.e. the plasterboard on
both sides of the air cavity) together. Inserting mineral wool
absorption in the cavity improves the acoustic performance
considerably (of the order of 5dB). Other than adding layers
of plasterboard and increasing the surface mass, the airborne sound isolation can be improved (1) by increasing the
air cavity width, (2) by using separate studs or (3) by using
vibration
isolated connections (using springs or rubber inserts) between the studs and the plasterboard. By adjusting the composition and the detailing of a plasterboard partition it is
possible to achieve very high degrees of sound isolation (of
more than 70dB Rw), but large air cavities (more than 20cm
and sometimes even up to 1m) are required to achieve good
performance at low frequencies.
The acoustic performance of typical plasterboard systems
can be found in the manufacturers’ product catalogues.
They can also be predicted using specialist software tools
(e.g. Insul, which was used to predict the indicative airborne
sound isolation of the examples given here).
Architects should be aware that all available construction elements offer better acoustic isolation performance at high
frequencies (“treble”) than at low frequencies (“bass”). In
practice, this means that the acoustic design of the building elements will often be governed by their performance at
low frequencies, especially if traffic noise, amplified music or
other sounds with important bass content are involved.

Table 1. Indicative airborne acoustic isolation of various plasterboard wall constructions.

• Material: gypsum plasterboard
•
•
•
•
•

(density 690 kg/m3)
Thickness: 12.5mm
Number of boards: 1
Wood studs
Air cavity: 100mm
Cavity absorption: mineral wool
(density 33kg/m3, 50mm thickness)
Rw = 40 dB

• Material: gypsum plasterboard
•
•
•
•
•

(density 690 kg/m3)
Thickness: 12.5mm
Number of boards: 1
Steel studs
Air cavity: 100mm
Cavity absorption: mineral wool
(density 33kg/m3, 50mm thickness)
Rw = 45 dB

• Material: gypsum plasterboard
•
•
•
•
•

(density 690 kg/m3)
Thickness: 2 x 12.5mm
Number of boards: 2
Wood studs
Air cavity: 100mm
Cavity absorption: mineral wool
(density 33kg/m3, 50mm thickness)
Rw = 48 dB

• Material: gypsum plasterboard
•
•
•
•
•

(density690 kg/m3)
Thickness: 2 x 12.5mm
Number of boards: 2
Steel studs
Air cavity: 100mm
Cavity absorption: mineral wool
(density 33kg/m3, 50mm thickness)
Rw = 55 dB

• Material: gypsum plasterboard
•
•
•
•
•

(density 690 kg/m3)
Thickness: 2 x 12.5mm
Number of b oards: 2
Double wood studs
Air cavity: 100mm
Cavity absorption: mineral wool
(density 33kg/m3, 50mm thickness)
Rw = 60 dB

• Material: gypsum plasterboard
•
•
•
•
•

(density 690 kg/m3)
Thickness: 3 x 12.5mm
Number of boards: 3
Wood studs
Air cavity: 100mm
Cavity absorption: mineral wool
(density 33kg/m3, 50mm thickness)
Rw = 52 dB

• Material: gypsum plasterboard
•
•
•
•
•

(density 690 kg/m3)
Thickness: 3 x 12.5mm
Number of boards: 3
Steel studs
Air cavity: 100mm
Cavity absorption: mineral wool
(density 33kg/m3, 50mm thickness)
Rw = 60 dB

• Material: gypsum plasterboard
•
•
•
•
•

(density 690 kg/m3)
Thickness: 3 x 12.5mm
Number of boards: 3
Wood studs with rubber isolation clip
Air cavity: 100mm
Cavity absorption: mineral wool
(density 33kg/m3, 50mm thickness)
Rw = 64 dB

• Material: gypsum plasterboard
•
•
•
•
•

(density 690 kg/m3)
Thickness: 3 x 12.5mm
Number of boards: 3
Double wood studs
Air cavity: 100mm
Cavity absorption: mineral wool
(density 33kg/m3, 50mm thickness)
Rw = 67 dB

• Material: gypsum plasterboard
•
•
•
•
•

(density 690 kg/m3)
Thickness: 3 x 12.5mm
Number of boards: 3
Double wood studs
Air cavity: 200mm
Cavity absorption: mineral wool
(density 33kg/m3, 100mm thickness)
Rw = 73 dB

In addition, both fundamental principles can be combined
together, for example by adding a vibration isolated plasterboard wall to a concrete or brick wall. This can be useful in
the context of renovations of existing buildings.

4.1

1
Planning and
Acoustic Zoning
2
Acoustic Joint
3
Sound Lock
4
Single Massive
Walls vs. Double
Lightweight
Walls

Vibration Isolation of Floors
and Ceilings

In order to increase both the airborne and structureborne
sound isolation of floor slabs, a floor or ceiling can be added
to the concrete slab. A vibration-isolated floor (commonly referred to as “floating floor”) can either be a separate floating
slab, isolated by means of springs or rubber pads, or a lightweight (wood) floor sitting on isolated joists. A vibrationisolated ceiling usually consists of 2 or 3 layers of plasterboard
supported on spring hangers. In any case, the air cavity
between the slab and the vibration-isolated floor or ceiling
should be filled with mineral wool absorption.

5
Vibration Isolation of Floors
and Ceilings

Figure 2. Principle of vibration-isolated floor (top image) and
ceiling (bottom image). Not to scale.

BOX-IN-BOX PRINCIPLE
When all surfaces of space, i.e. all walls, the floor and the ceiling, are vibration- isolated from the surrounding structure a,
so called, box-in-box construction is obtained. This is typically applied in recording studios, music practice rooms, cinemas and other spaces where high degree of sound isolation
is required because of the high sound levels involved.
Depending on the required performance, especially at low
frequencies, the inner box can be built out of heavy materials (e.g. concrete) or lightweight finishes (e.g. plasterboard).
The vibration isolators can be springs, rubber pads or mineral
wool with a suitable density. In any case, the air cavities between the inner and outer box should be filled with mineral
wool absorption.
Careful attention must be paid to the detailed execution of
all ducts, pipes and other services going to the inner box, in
order not to short-circuit the vibration isolation.

Superposed Table Structure
In exceptional cases, especially when strong floor impact (e.g.
dancing) is combined with long structural spans (e.g. superposition of concert and/or dance halls), it may be necessary to provide a fully separate structure for each of the halls. This can be
done by placing the top hall on columns (“table legs”).

Example of vibration isolation in Acoustic Laboratories, Katholieke Universiteit Leuven.
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Acoustic reflector

An acoustic reflector is any hard and smooth surface - or a
combination thereof – that bounces incident sound like a mirror. Acoustic reflectors create specular acoustic reflections.
Acoustic reflectors can either be separate, free standing or
free hanging elements (like a canopy above an orchestra), or
they can be integrated into the architecture, for example as
a part of walls or a ceiling. Acoustic reflectors can be of any
size and shape, be it flat or curved (convex or concave), but
this of course influences their acoustic behaviour. Reflective surfaces contribute to both early reflections (the first
few bounces) and reverberation (after tens or hundreds of
bounces)..

6. Acoustic
absorber
7. Acoustic
diffusor
8. Acoustically
transparent
surface

Figure 6. Different types of acoustic reflectors
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Acoustic volume

Any enclosed volume consisting of multiple reflective surfaces - in other words any architectural space - will respond to
sound with a physical process called reverberation. Reverberation is the result of sound bouncing consecutively, for tens
or hundreds of times, off the reflective boundaries of the volume. Reverberation is heard by people in - or near - an acoustic volume as prolonging decay of a sound after the source
of the sound has been switched off. The subjective criterion
linked to reverberation is called reverberance.
The size and shape of the acoustic volume, as well as the
materials involved, govern how the reverberation is built up
and also determine the quality of the reverberance: how long
it lasts (temporal dimension, see RT and EDT), how loud it
is (amplitude dimension, see Glate), which timbre it has (frequency dimension, see Bass Ratio) and where it comes from
(spatial dimension).

8. Acoustically
transparent
surface

Figure 7. Example of how reverberation builds up in an acoustic
volume as multiple reflections bounce off the boundaries one after the other.

ACOUSTIC REFLECTORS
AND ACOUSTIC VOLUME COMBINED
In a real architectural design, the acoustic volume (creating
reverberation, or late reflections) and the acoustic reflectors
(creating early reflections) will often be combined, or “architecturally integrated”. This means that some surfaces will at
the same time act like a reflector and be part of acoustic volume. It is important that an architect is aware of this double
acoustic function, and understands the distinction between
early and late sound, which is a fundamental psychoacoustic
principle.

Figure 8. Different types of acoustic reflectors. Example of how
reverberation builds up in an acoustic volume as multiple reflections bounce off the boundaries one after the other.

Figure 9. Loose acoustic reflectors inside a space (left image)
can very often also be substituted by integrating (“melting”) them
into the architectural design of the space (right image)...
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Acoustically coupled volumes

Two acoustic volumes can be connected (“coupled”) together
through a sufficiently large opening. Acoustically, this has the
effect that sound originating from the first volume (V1) will
propagate from the first volume to the second volume (V2)
through the opening(s) between the spaces and vice versa.
In addition, under certain circumstances sound from the first
volume having propagated to the second volume and having
bounced around for a certain time will return to the first volume, opening up interesting acoustic possibilities.
There are different types of acoustic coupling, depending on
the size of the opening, the volumes of the coupled spaces
and the amount of acoustic absorption materials inside each
space. Firstly, when the coupling opening is small or when
there is a lot of absorption inside the second volume, sound
from the first volume will “disappear” into the opening to the
second volume and will never come back. This is equivalent
to having an acoustically absorbing opening. An example of
this situation is the proscenium opening of a theatre auditorium, connecting the audience chamber to the stage house
(flytower). Secondly, when the coupling opening is large or
when there is little absorption in the second volume, both
volumes will add up, creating a single large acoustic volume.
An example of this are the side naves of churches, which are
separated by colonnades from the central, main volume. Finally, a special intermediate case is when the opening is small
enough to obtain a long reverberation in the second volume,
but at the same time big enough for this reverberation to return to the first volume. A typical example is a concert hall
with reverberation chambers, such as the concert hall at KKL
Luzern.
Acoustic coupling is a complex subject and should be studied
with the help of a specialist acoustician.

Figure 10. Schematic principle of acoustically coupled volumes.

Figure 11. The (partial) surfaces between the two acoustic volumes can be used to create useful early lateral reflections in the
first volume.

Figure 12. Example of a church, where the side naves are acoustically fully coupled to the central nave, so that a single combined
acoustic volume is obtained.

Figure 13. Example of reverberation chambers in the 1800 seat
concert hall at KKL Luzern.

Figure 14. 1. Main acoustic volume of the concert hall, 2. Doors
of the reverberation chambers, 3. Reverberation chambers, which
can be coupled to the main volume for richer reverberation.
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Acoustic opening

A sufficiently big opening between two spaces – such as an
open window – acoustically connects or couples those spaces, while maintaining a spatial separation or architectural
juxtaposition. There are different types of acoustic coupling,
depending on the size of the opening (S), the volumes of the
coupled spaces and the amount of acoustic absorption materials inside each space.
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Figure 15. Acoustic opening between two acoustic volumes.

Figure 16. Example of acoustic openings (black) in the rear wall
of the Northern Lights Cathedral (Nordlyskatedralen) in Alta, Norway, allowing partial coupling of a surrounding acoustic volume
to the main volume of the auditorium.
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Acoustic screen

An acoustic screen is a partial wall that contributes to creating separate acoustic compartments within the same space,
both indoors and outdoors. An acoustic screen blocks (or
more correct: attenuates) the direct sound between a sound
source and a receiver on either side of the screen. In reality
the direct sound is not fully blocked, because some sound
energy will still go through the screen. The higher the surface mass of the screen, the more the sound is attenuated.
In addition, some of the sound energy will still go over the top
of the screen, due to a wave phenomenon called diffraction,
to be compared with waves bending around a breakwater in
the sea. Diffraction is strongly frequency dependent, occurring more at low frequencies, which limits the performance of
acoustic screens at low frequencies.
On every side an acoustic screen can be either an acoustic
reflector or an acoustic absorber.

8. Acoustically
transparent
surface

Figure 17. Principle of acoustic screening in order to create
acoustic zoning within the same space: acoustically reflective
screen (middle) and acoustically absorptive screen (bottom).

Figure 18. When designing acoustic zoning, using acoustic
screens, attention also needs to be paid to early reflections reducing the acoustic separation between the zones.

Figure 19. Water waves diffracting around the edge of a breakwater in the sea. © dreamstime

Figure 20. Example of a diffraction simulation of an acoustic
screen (black line in the middle), at 1000Hz (left image) and 63Hz
(right image). The source is on the left hand side. The colour
scale is expressed in dB. The acoustic screen is clearly much
more effective at 1000Hz than at 63Hz.
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Acoustic absorber

An acoustic absorber is an element or surface that “swallows” most of the incident sound, and bounces only a small
remaining portion of the incident sound. An acoustic absorber does this by converting sound energy to thermal energy
(calories, in very small quantities) – a physical phenomenon
known as acoustic absorption. An absorber is usually designed to be efficient in a certain frequency region (low, mid
or high frequencies), although there are also broadband absorbers that work at (almost) all frequencies. Foam or fabric
based absorbers are effective at mid and high frequencies,
whereas thin panels (with a cavity behind) are absorptive at
low frequencies. Perforated panels can be designed to absorb at any desired frequency.
The location of an absorber in the space is very important.
When an absorber is located close to the sound source, it will
be more efficient than when it is far from the sound source. In
addition, absorbers close to the source have an influence on
both the early and late reflections. Absorbers far away from
the source have an effect only on the late reflections (the reverberation).

Figure 21. Examples of acoustic absorbers - fixed and movable
(rehearsal room, Musikinsel, Rheinau).

Figure 22.Example of acoustic absorber (broadcasting studio,
Karlsruhe). (UNIVERSITY OF MUSIC CAMPUS ONE, Karlsruhe).

Figure 23.Example of acoustic absorbers (rehearsal room, Ensemblehaus, Freiburg).
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Acoustic diffusor

An acoustic diffusor is an element or surface which creates
acoustically diffuse reflections. This happens due to surface
irregularities (texture) on a flat surface, or due to an irregular or other non-flat geometry. For example, convexly curved
surfaces are acoustic diffusors. The frequencies at which the
diffusion occurs mostly are determined by the size of the irregularities.
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Figure 24. Example of acoustic diffusor (symphony hall,
Nouveau Siecle, Lille)

Figure 25.Historic coffered ceiling functioning as an acoustic
diffusor. (rehearsal room, MUSIKINSEL, Rheinau)
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Acoustically transparent surface

An acoustically transparent surface is any architectural
surface that mainly lets sound go through while absorbing
or reflecting only a small portion of the incoming sound. An
acoustically transparent surface is an architectural boundary.
It allows dissociation of architecture and acoustics, because
any acoustic reflector, absorber or diffuser can be hidden behind the acoustically transparent surface.
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Figure 26.
1. Example of a metal mesh at Stavanger Concert Hall acting as
an acoustically transparent surface, behind which acoustic absorbers are hidden.
2. Metal mesh in Studio 4, Maison de la Radio Flagey, Brussel.
3. Example of a metal mesh at Jinan Concert Hall acting as an
acoustically transparent surface, behind which acoustic reflectors are hidden.

Figure 27. Reminder of the four different types of acoustic surface behaviour.
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Reverberation and reverberance

Reverberation is the late part of the acoustic response of an
architectural space to a sound. This is the result of sound
bouncing hundreds or thousands of times off the reflective
boundaries in the space. Reverberation is heard by people as
prolonging decay of the sound after the source of the sound
has been switched off.
The subjective factor linked to reverberation is called reverberance, i.e. the notion of “perception of the reverberation”.
Reverberance is an important factor in the sonic experience
of architectural space. It is also an essential element of music
creation, performance and listening. Without reverberance,
music sounds dull, “dry” and very analytical. Prehistoric man
was able to experience reverberance in naturally reverberating environments such as caves and forests. Anthropologists
and musicologists believe that reverberance stimulated mankind to create music.
The main objective parameter quantifying reverberation is the
Reverberation Time (RT), linked to the duration of the decay
of sound. The acoustic volume of space and the total absorption area are the major parameters that influence the Reverberation Time of the space (see Sabine equation). A cathedral
is a typical example of space with long reverberation, with the
Reverberation Time of up to 5 seconds. For reference, a good
symphonic concert hall has the RT of approximately 2 seconds when fully occupied, an opera house typically 1.5s and
an auditorium for speech approximately 1 second.
One of the principal reasons why the RT is generally the first
criterion used for the description of the acoustics of space is
that it is the only criterion that does not vary (or only negligibly) throughout the space with the source and receiver positions. In other words, RT is spatially a rather stable parameter
and therefore it characterises the reverberation of the room
uniquely.
Depending on the function(s) of the space, reverberation can
be both positive, e.g. for music performance, but also negative - too much reverberation is usually detrimental to speech
intelligibility and acoustic comfort. In rooms for music, one
distinguishes between the reverberance perceived during the
musical phrase (“running reverberance”) and that perceived
when the musical phrase is over (“final chord reverberance”).
The latter is directly related to the Reverberation Time (RT) of
the room while the former is more related to the Early Decay
Time (EDT), evaluated over the initial 10dB of the decay.
Reverberation is sometimes referred to by acousticians as
the “reverberant field”, or even the “late sound field”, because
it consists of reflections that arrive at a listener later than a
couple of tenths of a second after the direct sound, in contrast to early reflections. A theoretical model for reverberation, known as the “diffuse field” theory and first considered
by W.C. Sabine, assumes that the sound decay is exactly the
same in every point in the space and that the sound reflections arrive at a listener from all directions randomly, with
equal importance. Although this is an idealized situation, it is
a good approximation for many real spaces.

Figure 28. Example of how reverberation builds up in an acoustic volume as multiple reflections bounce off the boundaries one
after the other.
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Strength and Subjective Loudness

Subjective loudness is influenced by two fundamentally
different objective factors: the sound power emitted by the
sound sources on the one hand, and by the degree of natural
sound amplification exerted by the room, on the other hand.
The latter is called the Sound Strength, or Strength (G). It is
defined as the ratio (in dB) of the acoustic pressure measured
at a given point of the room (acoustic response of the room)
to the acoustic pressure generated by an omni-directional
source of identical sound power and measured at 10m from
the source in free field conditions. This criterion is a function
of the position of the source and the receiver. It will vary considerably throughout a space, and one of the tasks of good
acoustic design is to ensure that G doesn’t vary too much
spatially.
The human ear is very sensitive with respect to loudness. Below a certain threshold, awareness is reduced and the audience does not feel as being a part of the event. Therefore,
for a large symphonic concert hall, the Strength (G) is a very
important acoustic criterion and it is generally admitted that
G must be positive (greater than 0dB for the mid-frequencies)
for all seats. Generally, it is considered that the ideal value of
G is between +2dB and +8dB.
The total strength is made up of three parts: the direct sound,
the early sound and the reverberation (also called the late
sound).

Figure 29. Loudness provided only by the direct sound.

Figure 30. Greater loudness provided by the combination of direct sound and a ceiling reflection.

Figure 31. Even greater loudness provided by the combination of
direct sound, ceiling reflections and rear wall reflection.

Figure 32. The total strength is made up of three parts: the direct
sound, the early sound and the reverberation (also called the late
sound).

Figure 33. Schematic representation of direct sound and early
reflections in a concert hall for five audience locations.
(c) Jean- Marc Rio

Figure 34. Schematic representation of the late sound (i.e. reverberation) within the acoustic volume of a concert hall.
(c) Jean- Marc Rio
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Early Energy and Source Presence

Recent studies in psychoacoustics have demonstrated that
the perception of acoustic power is more complex than the
simple correlation with G or with the room amplification.
Indeed, the human ear – and the brain – differentiates the
audio information between two different “data streams”. One
is related to the perception of the source while the other one
is related to the perception of the space. This is logic from a
cognitive point of view: seated in a concert hall, one tries to
get information concerning the source (and especially concerning its sound or musical message), and concerning the
environment one is in. Therefore, the design should aim at
optimising independently the early response (presence of the
source) and the late response (presence of the room).
The presence of the source is related to the early energy of
the room response. In a large concert hall (excluding the
seats that are very close to the stage) between 90% and 99%
of the acoustic energy comes from reflections off the room
surfaces.
The human hearing system integrates the energy from the reflections into the energy of the direct sound if the reflections
arrive with less than 80ms delay with respect to the direct
energy. The perceptive process is, in fact ,more complicated,
but restriction of the integration to the first 80ms constitutes
a good approximation, at least for music. For speech, a 50ms
delay is more appropriate.
In order to obtain good, perceivable presence of the sources,
one needs to create an important number of reflections (using
reflectors or the walls) which arrive with a delay shorter than
80ms. A delay of 80ms corresponds to a difference of 25m
in the ray trajectory. Since the sound must reach the reflective surface and then travel to the ears of the audience, one
needs to install reflective surface close to the source and/or
audience at a distance not less than 10 to 15m. An efficient
design of the reflectors that provides sufficient acoustic energy for the early reflections is one of the most important
challenges in the design of an auditorium. (See also efficient
surfaces and efficient solid angle).
The objective criterion that is most closely linked to source
presence is the Early Strength (G80 or Gearly). It is defined
as the ratio of the room amplification for the first 80ms of the
impulse response to that obtained at 10m in free field conditions for an omnidirectional loudspeaker.

Figure 35. 3D geometrical study of early reflections in a concert
hall using balcony soffits.

Figure 36. 3D geometrical study of early reflections in a concert
hall using decorative cladding elements.

Figure 37. 3D geometrical study of early reflections in a concert
hall using balcony fronts.

Figure 38. 3D geometrical study of early reflections in an opera
house using balcony soffits in the proscenium zone.
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Late Energy and Room Presence

The perception of the final decay (end of a musical phrase)
is directly related to the reverberation time. The perception
of the reverberation during continuous musical phrases requires not only a sufficiently long Reverberation Time but
also a sufficient amount of late acoustic energy, arriving later
than 80ms after the direct sound reaches the audience.
The objective criterion that is most closely linked to source
presence is the Late Strength (Glate). It is defined as the ratio
of the room amplification for the part of the impulse response
after 80ms to that obtained at 10m in free field conditions for
an omnidirectional loudspeaker.
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Figure 39. Graphical representation of the direct sound. Direct
sound is only governed by the source to receiver distance.

Figure 40. Graphical representation of the direct sound + early
sound. The early sound concerns all the reflections reaching the
receiver in the 80ms following the direct sound. The sum of the
energy provided by the direct sound and the early sound governs
the so-called source presence.

Figure 41. Graphical representation of the direct sound + early sound + late sound. The late sound concerns all the energy
reaching the receiver later than 80ms after the direct sound. The
late sound governs the so-called room presence.

Figure 42. Balance between the energy arriving before 80ms
(direct + early sound) and the energy arriving after 80ms (late
sound).

Figure 43. Decreasing the total square meters of surfaces directing sound towards the receivers, the early sound lowers. The
energy not being directed towards the receiver as early reflections contributes to increasing the late sound.

Figure 44. Enlarging the total surface providing early reflections
increases the early energy (source presence) whereas the late
energy decreases and by consequence the receiver gets some
less information about the room.

Figure 45. The use of sound absorption far from the source lowers the late energy within the room. By consequence, the receiver
gets less information of the room. The early energy remains the
same.
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Lateral Energy and Envelopment

From the 1960s onwards, scientific studies and analyses of
various rooms have revealed the importance of the spatial
characteristics of the sound field. Indeed, our hearing system
prefers receiving part of the information of the reflected energy in a lateral manner than in a frontal manner or as coming
from above. When the reflected energy reaches the ears from
a lateral direction, each ear is submitted to a somewhat different sound field, which is perceived as a feeling of acoustic
envelopment. A dimension of spatial perception is thus created and, consequently, the audience feels surrounded by the
sound and feels like it is participating in the event rather than
simply listening and observing it passively.
It can be said that lateral reflections (with a minimum angle of
25 degrees with respect to the trajectory of the direct sound)
are more advantageous than the reflections coming from the
ceiling – unless the latter reach the ears of a listener in a lateral manner, by means of potential reflectors installed on the
ceiling with optimised angles.
In order to objectively quantify the subjective feeling of acoustic envelopment (also called the “feeling of the space”), one
can use the objective parameters of either lateral energy fraction (LF) or the inter-aural cross correlation (IACC). Early LF
(measured over the first 80ms) has been proven to correlate
with the subjective parameter Apparent Source Width (ASW),
which is linked to the perceived width of the sound source
(e.g. orchestra). Late LF (measured after 80ms) on the other
hand correlates with the subjective parameter envelopment
(ENV), which is the sense of being fully surrounded by sound.

Figure 46. When there is only the direct sound, the source will be
perceived as being very frontal and spatially restricted.

Figure 47. Early lateral reflections add more width to the perception of the sound source. This is called apparent source width
(ASW).

Figure 48. The late reflections increase the perceived envelopment (ENV), i.e. the sense of being surrounded by sound, giving
an aural impression of the space in which the sound happens.
This is closely linked to room presence.

Figure 49. Schematic indication of early lateral reflections in a
concert hall. (NB. The canopy reflection is not a lateral reflection.)
(c) Jean- Marc Rio
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Spectral Balance and Tone Colour

In order to create a balanced tone colour for music an excellent transmission of the spectrum from the stage to the
listener is required.
For a large symphonic concert hall, a greater Reverberation
Time at low frequencies compared to mid frequencies is desirable. This means that bass absorption should not be excessive and should be kept in control (avoiding increased absorption by plate resonances). Therefore, the materials used for
the reflective surfaces must be sufficiently dense and heavy.
For a concert hall for amplified music, a flat RT response is
desired (i.e. same RT at low frequencies and mid frequencies). This means that a large quantity of bass absorption will
be required. For concert halls with a varied program, variable
acoustic absorption will be needed, including at bass frequencies.
For the high frequencies, a slight decrease of both the RT
and the sound level is required above 2kHz to avoid a soaring
and aggressive response, for both unamplified and amplified
music. Besides the natural absorption of the air, some additional absorption must be added, either by providing a very
small amount of absorbing materials effective only above 2
kHz (e.g. thin fabric lining) or, and preferably, by introducing
acoustic diffusion above 2 kHz which also leads to a slight
increase of absorption.
The corresponding objective criteria are expressed in terms
of ratios for low and high frequencies with respect to mid frequencies, both for Reverberation Time (RT) and for Sound
Strength (G).
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The definition of the acoustic criteria given below comply
with the international standard ISO 3382 (“Acoustics -Measurement of the reverberation time of rooms with reference to other acoustical parameters”).

REVERBERATION TIME (RT)
EARLY DECAY TIME (EDT)
BASS RATIO AND TREBLE RATIO
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CLARITY INDEX C80

7. Definitions of
objective acoustic criteria

STRENGTH G
EARLY STRENGTH G80 OR GEARLY
LATE STRENGTH GLATE
LATERAL ENERGY FRACTION LF
STAGE SUPPORT ST1
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Acoustic Volume

Acoustic volume is defined as the volume of air contained
within the walls of an interior space. Acoustic volume is
a quantity measured in cubic meters. It is properly defined
only for closed spaces. However in some cases, openings
between adjacent spaces can lead to their behaviour as coupled volumes.
Acoustic volume is an architectural criterion influencing several aspects of acoustic quality such as reverberance and
acoustic strength. It is also one of the quantities used in the
Sabine equation for Reverberation Time.
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Example of coupled volume in KONSERTHUS, Stavanger
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Room Height

In most spaces the definition of room height is self-explanatory as both the floor and the ceiling are generally flat and
horizontal. But more intricate geometries require the distinction between average height and maximum height. Average
room height influences mainly acoustic volume, acoustic
strength and reverberance, while maximum height often relates better to the arrival time and strength of ceiling reflections, influencing aspects of acoustic quality such as clarity
and spaciousness.
In the design of performing arts spaces it is also customary to
use the distance between the stage floor and the ceiling as a
definition of room height. The addition of suspended acoustic
reflectors will not modify room height as long as their layout
does not circumscribe a closed or weakly coupled volume.
In most typical rooms, acoustic absorption is mainly located
on the ceiling and/or on the floor. In such cases, variations of
ceiling height impact directly Reverberation Time. The Sabine
equation predicts a proportional relationship between room
height and reverberation time when the acoustic absorption
of vertical surfaces is negligible.
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Figure 50. Schematic drawing illustrating average and maximum room height, in a room with suspended reflectors.
© Jean- Marc Rio
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Room Width

Room width is often defined as the smaller of the two horizontal dimensions of a space However, in performing art
spaces and rooms designed for speech, the orientation of the
room is defined by the orientation of the audience members
towards the stage or the speaker. Room width is then defined
as the dimension of the room in the direction perpendicular to
the main orientation of the speaker or the musicians, and parallel to the rows of audience seats. With this definition, room
width relates to the arrival time and strength of lateral reflections, and influences the spaciousness aspects of acoustic
quality.
This definition of room width holds even for most surround
-shaped concert halls as musicians generally keep a fixed orientation toward a specific direction. Due to the natural directivity of the human voice and music instruments, this fixed
orientation can be tackled efficiently only through means of
amplified sound systems. In the rare cases where no main
direction of sound propagation can be identified, it becomes
irrelevant to differentiate room width and room length from a
perspective of acoustic quality.
For rooms of non-orthogonal shape, for example a fan shape
concert hall, several definitions of room width can be used:
average width, stage width, minimum and maximum width.

11. Size of
Acoustic Reflectors

Figure 51. Schematic drawing illustrating room width, in a shoebox hall, in a surround style concert hall and
in a fan shaped hall.
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Room Length
and Source-receiver Distance

Room length is often defined as the larger of the two horizontal dimensions of space. However, in performing arts spaces
and rooms designed for speech, the orientation of the room is
defined by the orientation of the audience members towards
the stage or the speaker. Room length is then defined as the
dimension of the room in the direction of the main orientation
of the speaker or the musicians.
Room length is linked to the maximum source to receiver
distance in a room. As a matter of fact, an alternative measurement of room length for performing arts spaces is the
distance from the stage edge to the last row of seats.
Room length, thus, influences the strength of direct sound
at the most remote locations. The strength of the reflected
sound also decreases with source-receiver distance but at a
generally much lower pace.
In reverberant spaces (classical music concert halls for example), the energy of the direct sound tends to be very low
compared to reflected sound energy. In addition, the energy
of the early reflections and of the late tail of reverberation
decreases only slightly with source-receiver distance. In such
spaces, the room length and maximum source-receiver distance parameters are more related to the visual perception
of space than to aspects of acoustic quality. However, visual
and acoustic perceptual aspects are known to influence each
other, especially when it comes to the subject of perceived
intimacy in a performing arts space.
On the contrary, in dry spaces such as drama theatres or
outdoor spaces, room length and maximum source-receiver
distance parameters are very important acoustic parameters
influencing the acoustic strength and intelligibility aspects
of acoustic quality.

Figure 52. Schematic drawing illustrating room width, in a shoebox hall, in a surround style concert hall andin a fan shaped hall.
© Jean- Marc Rio

Figure 53. Graphs of direct sound strength, late reflected
strength (Glate), and total acoustic strength (G) as a function of
distance.( i) In a very reverberant space (upper image). ii) In a
dry space (lower image). The direct strength is independent of
the space, whereas the late reflected strength and total strength
are strongly influenced by the reverberation of the space. In the
very reverberant space, the late reflected sound is much stronger
than the direct sound and therefore the total strength is governed
by the late reflected sound. (Volume 9300 m3; very reverberant
space has 4s reverberation time, dry space has 0.8s reverberation time.)
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Room Proportions

Room proportions are generally defined as ratios between
the room width, room height and room length.
For small rooms in which the wave nature of sound determines most of the acoustic behaviour, room proportions will
influence the modal response of the room. When designing such a room, it is often suggested to choose its dimensions using appropriate proportion ratios in order to avoid
excessive resonance at specific frequencies. This approach
is mostly used in the design of recording and broadcasting
studios, and several suggestions of suitable proportion ratios
can be found in the literature.
For rooms of large dimensions, geometrical acoustics becomes predominant over wave theory, as the modal response
is significant only for the very lower end of the audible spectrum. In such a context, room proportions lose most of their
importance in acoustic design. The arrival time of acoustic
reflections forms the basis for defining acoustic quality in
large rooms, absolute room dimensions have more importance for acoustic quality than room proportions.
One exception to this is the width to height ratio for a concert
hall design and acoustic conditions for the musicians of a
symphony orchestra. In both cases a smaller width to height
ratio will cause lateral reflections to arrive significantly earlier
than the ceiling reflections, which will reduce masking effects
and improve spaciousness in the audience and mutual hearing across the orchestra.

Figure 54. Room proportions proposed for a music studio by
The British Standards Institute and International Electrotechnical
Commision. (IEC 60268-13, BS6840 13, Sound system equipment
– part 13 listening tests on loudspeakers. (1988)).

Figure 55. Schematic drawing and impulse responses illustrating the difference between a narrow tall room and a wide low
room and the effect of scaling the room size.
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Angle Between
Two Opposite Walls

Room shapes usually exhibit at least two opposite surfaces,
the most common ones being the floor and the ceiling. These
opposite surfaces can be parallel to each other or angled,
which will significantly affect the behaviour of sound waves
bouncing back and forth between those two surfaces depending on the exact angle between those two surfaces.
Two parallel flat walls made of a reflective material are known
to generate standing waves and flutter echoes, which are
usually regarded as acoustic defects in terms of perceived
acoustic quality.
However, parallel walls are a recognized factor of acoustic
quality in the design of concert halls for classical music. The
parallel sidewalls of a shoebox shaped concert hall will distribute lateral reflections evenly to all audience members on
the parterre floor, improving the sense of spaciousness. On
the contrary, the angled sidewalls of a fan-shaped concert
hall will send reflections to the rear of the room where their
direction of arrival is no longer so lateral, leaving the central
part of the parterre with no acoustic reflections from the sidewalls, and causing a globally reduced acoustic quality for the
room.
Parallel side walls are generally not a problem in concert halls
for classical music as the sidewalls are too far apart from one
another to create significant standing waves, and the possible flutter echoes mingle in the global reverberation of the
room and cannot be heard as such. However, undesired flutter echoes can still be heard if the reverberation time of the
room is not sufficiently high, and / or if the sidewalls are large,
flat and highly reflective surfaces with no surface roughness
nor large scale corrugation to create any effect of acoustic
diffusion.
Shaping a room with an angle between two opposing walls
can be a way of reducing the effects of flutter echoes or
standing waves, although it may not systematically prove
sufficient, depending on the exact configuration of the room.
The other effect of angling two opposing walls is an increased
“projection” towards a specific direction. In other words, the
propagation of sound towards the wider end of the room is
favoured. This effect can be encountered both for a horizontal angle or a vertical tilt of two opposing walls. The only difference between those two strategies lies in the usual setting
of most rooms with listeners located in the lower part of the
volume and absorptive acoustic treatments often concentrated on the ceiling. While horizontal angles will favour acoustic
projection towards one end of the room at the expense of the
other, a vertical tilt will either concentrate acoustic reflections
near the listeners, or send them towards the absorptive ceiling, producing opposite effects on acoustic strength.

Figure 56. Schematic drawing illustrating the effect of projection
in a specific direction by changing the wall angles.
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Radius of Curvature
of Curved Surfaces

Convex surfaces always create spreading-out, and hence,
attenuation of the sound energy density associated with the
reflection in comparison with a flat surface.
Concave surfaces ,on the other hand, are more complex:
they always create convergence and hence amplification of
the reflected sound energy density in certain areas, but also
attenuation in other areas. Concave surfaces typically have
foci associated with the shape itself (e.g. circle or ellipse). The
reflective behaviour, however, does not solely depend on the
shape, but also on the position of the source relative to the
curved surface. In other words, the acoustic foci will be in different locations than the foci associated with the shape and
they depend on the location of the source.
Concave geometries frequently cause problems in room
acoustics as they tend to focus sound onto small zones, in
which a high concentration - or amplification - of sound energy is found (“focal point”). This in itself is not necessarily
disadvantageous as a stronger and clearer sound may be
perceived where the focusing happens (“whisper gallery effect”, see below). However, focusing from concave surfaces
is often accompanied by acoustic faults which can be highly
disturbing to musicians and audience. Typically known examples of acoustic problems with large concave surfaces (in
concert halls usually ceiling domes or vaults) are:

•
•

•

Strong flutter echoes: repetitive reflections with a short
repetition interval, e.g. between the floor and the curved
ceiling.
Uneven sound distribution: certain seats receiving all
the acoustic energy at the expense of the sound in other
seats. Subjectively, this corresponds to some seats having high loudness and others being very quiet. (In extreme
conditions this can sometimes lead to the “whisper gallery effect”, occurring in certain churches, where people
can understand each other whispering, even at long distances, if they are standing in the right points.)
Colouration of sound: certain frequencies being more
amplified than others.

There are many concert and opera halls with concave ceiling
domes or vaults which have (or have had) acoustic problems
of this kind, e.g. Royal Albert Hall in London, Opéra Comique
in Paris, … On the other hand, other halls with concave ceilings are very successful acoustically, such as the Salle de
musique de chambre at the Philharmonie of Luxemburg and
Wigmore Hall in London. Whether a hall with a concave ceiling works or fails acoustically depends, among others, on the
size, location (e.g. height above the floor), radius of curvature
of the ceiling, on the relative location of the audience and the
musicians, on the materials of the ceiling and the surface
roughness, etc. A complex and sensitive balance has to be
present between all these mechanisms to take advantage of
the benefits of a concave surface whilst avoiding possible
disturbing faults.

Figure 57. Effect of curvature on the distribution of acoustic reflections.
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Efficient Surfaces

In addition to the volume and reverberation time of a room,
architectural shape and detailed geometry are also known
to influence its acoustic quality. This influence is especially
noticeable in the pattern of early reflections created by the
room boundaries at the ears of the listeners, influencing
many aspects of perceived acoustic quality.
In the context of the acoustic design of performing arts
spaces, the concept of efficient surfaces was introduced as
a way to relate the shape of a room to its ability to provide
early reflections to the audience members or the musicians
on stage.
Efficient surfaces consist of all reflective surfaces in the
room whose location and orientation allow the creation of
early reflections from a sound source on stage to an area
occupied by musicians or audience members. This definition
relies on the highfrequency approximation of geometrical
acoustics. By definition, other surfaces in the room are either
absorptive or take part in the creation of the late sound field.
Higher amounts of total efficient surfaces area will generate a
room response with stronger early energy and improve clarity and source presence. The total area of efficient surfaces
can then be considered as a simple architectural criterion
quantifying the level of geometrical optimization of the room
shape. The efficient solid angle is an even more precise parameter for this purpose.

Figure 58. Schematic drawing illustrating the concept of efficient surfaces.
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Efficient Solid Angle

Efficient solid angle is a recently defined architectural criterion used in the acoustic design of performing arts spaces
and related to the concept of efficient surfaces.
Each efficient surface receives a specific amount of acoustic
energy from a sound source depending on its size, its orientation and its distance to the source. Under the standard assumption of an omni-directional sound source, this amount
of energy is proportional to the solid angle that this efficient
surface subtends at the point of the sound source.
In three-dimensional geometry, the solid angle is a quantity
defined as the equivalent to the usual planar angle in twodimensional space. A solid angle is a measure of how large
an object appears to an observer. It is given in steradians. Its
maximum value is 4π , corresponding to an object occupying
the entire space around the observation point.
In the acoustic design of performing spaces, the total efficient solid angle is defined as the sum of the solid angles of
all efficient surfaces, measured from an observation point
matching a sound source. Under the approximation of geometrical acoustics, the efficient solid angle then represents
the fraction of energy emitted by the omnidirectional source
that is oriented by the room surfaces towards the audience to
create early reflections. The average amount of early energy
received by audience members is proportional to the efficient
solid angle.
Room geometries characterised by a large amount of efficient solid angle will improve aspects of acoustic quality such
as clarity and source presence. However, due to the absorptive properties of audience the acoustic energy oriented by
the efficient surfaces to create early reflections is then largely
absorbed and cannot contribute to the late sound field. That
is why higher amounts of efficient solid angle will be responsible for a decreased reverberance and room presence.
As an example, the efficient solid angle of medium sized
symphony halls generally lies between 1 and 2 steradians
for simple shoebox geometries, meaning that 8 to 16% of the
entire space as seen from the stage is occupied by efficient
surfaces. Values of around 3.5 steradians (25-30% of the entire space) can be obtained in highly optimized concert hall
geometries.

Figure 59. Definition of solid angle.

Figure 60. Indication of efficient solid angle in a 3D model of the
Stavanger Concert Hall.
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Total Absorption Area

The absorptive power of an acoustic treatment, and its effect
on reverberation time, depend not only on its absorption coefficient, but also on its surface area.
Under the approximations of statistical acoustics and Sabine’s theory, the energy of the reverberated sound field is
inversely proportional to the total equivalent absorption area
in the room.
The total area of absorptive treatments in a room is then an
architectural criterion related to both objective acoustic parameters: Reverberation Time and sound strength (G). A
room with extensive absorptive treatments will generate an
acoustic environment characterised by low reverberance and
a weak room presence.
In performing arts spaces, audience members and audience
seats represent a major proportion of the total equivalent absorption area. This is especially true for auditoria dedicated
to non-amplified concerts, where very little absorptive treatment is generally used. In such cases, the total surface area
occupied by audience or seats is a very important architectural parameter. A very comfortable seating layout – with wide
seats and plenty of legroom between each row of seats – will
significantly increase the total equivalent absorption area in
the room and consequently reduce Reverberation Time and
sound strength.
Ratios such as V/N (V being the acoustic volume and N the
number of audience seats) and V/Saud (Saud being the total surface area occupied by audience) are also widely used
architectural parameters for the design of performing arts
spaces. As can be demonstrated from Sabine’s formula,
these ratios relate to the maximum obtainable reverberation
time, if no absorptive acoustic treatment is added, apart from
the audience members and audience seats.
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Acoustic reflectors work efficiently only for frequencies that
are higher than the frequency determined by the wavelength
corresponding to the size of the reflector. To give an example:
for a reflector to contribute significantly for speech and music, it needs to work at a frequency of 500Hz and above, corresponding to a wavelength and minimum reflector dimension of 70cm. In practical terms, architects should be aware
that small reflectors reflect only the high frequencies, while
large reflectors reflect all frequencies (on condition that their
surface density is sufficient).
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Figure 61. Qualitative behaviour of reflectors at different frequencies. At lower frequencies than the frequency corresponding to
the wavelength of similar dimensions than the reflector, sound
will propagate around the reflector due to diffraction. At higher
frequencies specular reflections will occur. Around the frequency
diffuse reflections will be created.
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Concert Halls
The expression “concert hall” comprises a wide range of
uses, from classical, orchestral music to experimental electronic performances. However, this paragraph refers mainly
to the traditional use for classical music, in halls like Musikvereinssaal in Vienna, the Concertgebouw in Amsterdam or
KKL in Luzern, to give some examples.
In such places the main purpose is to perform music for listening audience. The full range of acoustic aspects are involved then. Concert halls are among the most complicated
spaces to be designed due to the great number of acoustic,
scenographic, architectural and technical aspects that need
to be taken into account and the intricate relations between
them.
The first parameter which is traditionally studied when describing concert hall acoustics is the Reverberation Time,
which should be in the range of 1,5 to 2 seconds, depending on whether the room is used for chamber music or symphonic music respectively. Not only the duration of the reverberation is important, also the energy “packed” in this late
energy has an enormous influence on the perceived acoustic
footprint of the hall.
Reverberance is indeed a highly essential, subjective ingredient for enjoying unamplified music, but reverberance alone
is not enough to achieve excellent acoustics. Good musical
clarity or source presence and sufficient loudness are also
required, as is envelopment, i.e. the impression of being spatially surrounded by sound. Many early reflections, preferably
arriving from the sides, are essential for good concert hall
acoustics. The section dedicated to objective and subjective
parameters explains this in more detail.
Designing good acoustics for a concert hall obviously means
good acoustics for the audience, but even more important
– and often neglected – for the musicians on stage. If the
members of an orchestra cannot hear one another properly
or cannot understand how they sound in the hall (due to absence of return from the hall), their performance as musicians may be truly degraded. By consequence, despite good
audience acoustics the musicians will not excel.
Due to different uses and orchestral forces in the same
hall, ranging from recitals and chamber music to full sized
symphony orchestras with 110 musicians and a full choir
(e.g. Mahler’s 10th symphony), the halls must have variable
acoustics. This variability is provided by using various acoustic elements, such as a movable canopy and/or ceiling, absorptive panels or curtains, coupled volumes.
Examples and more information are given in the section dedicated to Concert Hall typology.
Finally, very quiet background noise levels (of the order of
maximum 20dBA) are required to maximise the dynamic
range and increase the artistic impact of the performance.
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Amplified Music Venues
Amplified music venues are concert halls for pop, rock, dance
and other amplified music creating high sound levels, in particular at low frequencies (strong “bass”). In order to protect
both the concert-goers and the neighbourhood two main criteria need to be respected in those spaces.
• Within the room: limited energy levels - in order to avoid
possible hearing damage for the audience. At the same
time, reasonable sound levels increase not only the
acoustic comfort within the room but also enhance the
musical experience.
• Outside the room: high sound insulation - in order to
avoid sound nuisance in the neighbourhood. Due to the
low frequencies energy from within the music venue, vibration nuisances must also be avoided.
A standard solution for high sound insulation is the so-called
box-in-box principle, where a fully vibration isolated interior
box is inserted inside an outer box, where the only connection is through springs or neoprene isolators.
For a concert hall for amplified music, a rather short (1 –
1,5s) and flat Reverberation Time response is desired (i.e.
same RT at low frequencies and mid frequencies) in order
to obtain good definition (i.e. good source presence) in the
entire frequency range, while maintaining a certain sense
of hearing the hall, where the performance takes place (i.e.
adapted room presence).
This means that a large quantity of absorption will be required, not only at mid and high frequencies (as common in
classical music halls) but also at low frequencies. For concert halls with a varied program, variable acoustic absorption
will be needed, including at bass frequencies (see the chapter
on multi-purpose halls). Non-acoustically adapted halls are
also commonly used for amplified music (from sport-halls
to bullrings…). In those situations, (temporarily) suspended
acoustic elements may be used, usually in order to shorten
the reverberation time (e.g. absorbing panels, baffles, curtains, cushions …).

4.5

1
Concert Halls
2
Amplified Music
Venues
3
Theatre and Opera
House
4
Lecture Room
and Classrooms
5
Places
of Worship
6
Large Public
Spaces: Stations,
Airports, etc.
7
Open Space Offices
8
Restaurants
and Bars
9
Houses, Apartments and Hotels
10
Healthcare
Environment
11
Sports Halls
12
Industry Hall

Theatre and Opera House
Theatres and opera houses are complicated spaces because in fact they usually consist of two separate spaces: the
auditorium itself and the flytower with all its theatrical flying
equipment. They are examples of acoustically coupled volumes. The coupling area between the two volumes is called
the proscenium opening. In addition there is, typically, also a
forestage and an orchestra pit, often on motorised elevators.
In those performances in which the unamplified spoken or
sung voice must be wellunderstood, a good clarity within the
room needs to be achieved. In order to achieve such good
voice clarity, the quantity of early reflections reaching the audience must be elevated.
Nevertheless, for a pleasant experience, not only for the audience, but also for the actors on stage, the room needs to
present several, somewhat conflicting, acoustic attributes:
good strength, high speech intelligibility, sufficient reverberation for music. As to the Reverberation Time, it must be relatively short: 1,0 – 1,2s for theatre and 1,4 – 1,6s for opera.
High strength is needed for a strong dramatic impact, that
is, the room must naturally amplify any played sound. This
also helps the artists on stage, making it possible to communicate without raising their voice too much. In other words,
feedback from the hall is needed for the actors or singers, i.e.
they must receive enough sound energy back from the hall,
so that they can understand how they are being heard by the
audience during the play.
Due to the combined requirement for reverberation and early
reflections, the acoustics for theatres and especially opera
houses is an exercise on delicate balance. Background noise
criteria are as stringent as for concert halls.
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Lecture Room and Classroom
The main purpose of any lecture room or classroom is good
communication between people, i.e. an efficient transmission of the spoken word, and this in a comfortable manner
that does not demand from a lecturer to put strain on his/
her voice.
Acoustically, high vocal clarity and good speech intelligibility
are required. Singers and drama actors know how to project
their voice in order to be understood even at long distances.
However, teachers or untrained lecturers usually do not know
such vocal techniques, therefore rooms need to be designed
so that a sufficient degree of early acoustic reflections (arriving earlier than 50ms with respect to the direct sound) are
created between the speaking position and the audience. A
low ceiling and an appropriate room shape help in creating
such early reflections. Alternatively, in large and mediumsized lecture rooms, a speech amplification system (microphone, amplifier, loudspeaker) is often used to reinforce the
direct sound.
Speech intelligibility is further improved by limiting the Reverberation Time (RT) to below approximately 0,7s for small
classrooms and 1,2s for larger lecture rooms. This requires
a significant quantity of acoustic absorption to be provided
in the room design, typically a surface area equivalent to the
ceiling area. This absorption should be located on parts of
the ceiling and/or walls which do not contribute to creating
useful early reflections.
In addition, background noise will make the communication
more difficult, and also distract people and induce listening
fatigue. For those reasons, it is recommended to limit background noise from ventilation, from the outside or from other
parts in the building to 35dBA.
The above design measures should allow achieving the
Speech Intelligibility Index (STI) higher than 0,6.
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Places of Worship
Religion has always been associated with both speech and
music, so it could be said that places of worship are the cradle of variable acoustics. Many places of worship, be it cathedrals, mosques, synagogues or temples, have a very long
Reverberation Time of up to 5-6 seconds. Even if for some
kinds of music played in places of worship (choral or organ
music for instance) such long reverberation works fine, spoken communication is very hard to handle. In general, priests
or other ceremony leaders need to talk very slowly to avoid
blending the words in an unintelligible “cloud” of reverberation.
Such long reverberation in places of worship also influences
the music played there. Rapid melodic variations cannot be
appreciated, hence slow melodies consisting of long notes
are preferred and indeed often used in most types of religious music.
An acoustic canopy, i.e. reflector above the talker, can help
to project early reflections towards the audience, and hence
increase the speech intelligibility. In addition, a dedicated
speech amplification system with highly directive loudspeakers can be installed in order to compensate for the typically
long distances between the ceremony leader and the rear
rows of the audience.
The long reverberation in places of worship is due to the combination of a large acoustic volume and the absence of large
quantities of sound absorption. Such acoustics is appreciated for places of worship because it contributes to creating
a religious ambiance. As a side effect, the strong acoustic
response to any sound installs a duty upon the audience to
keep as silent as possible during services and visits.
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Large Public Spaces
From an acoustic point of view, the two distinctive features
that huge public spaces such as airports, train stations or
sports halls have in common are the large number of sound
sources and the enormous quantity of cubic meters. The Sabine equation relates the Reverberation Time with the acoustic volume (m3) and the total absorption area (m2). However, for such big spaces it is necessary to take into account
something that is not covered by Sabine’s theory: the source
power needed to “excite” this kind of spaces acoustically.
People talking normally in a space larger than 100’000m3
without any acoustic absorption will not, in fact, perceive the
multiple seconds long Reverberation Time. In order to excite
this huge reverberating volume to a disturbing sound level a
more powerful acoustic source (e.g. loudspeaker) is required.
As long as only natural sound sources are used, the long Reverberation Time is not such a big problem. The room acoustic conditions are in fact similar to those being outdoors.
The problem usually arises when amplification systems
are used in huge spaces. The absence of early reflections
towards the people and the typically big distances between
loudspeakers and people lead, then, to the loudspeakers
emitting a large sound power, exciting the reverberation of
the space and therefore resulting in bad speech intelligibility.
Therefore, it will be beneficial to keep the Reverberation Time
below 2 and certainly 3 seconds.
In addition, in large spaces it is common to have many different amplified sound sources active at the same time. This
leads to the necessity of acoustic zoning, i.e. creating zones
that are acoustically sufficiently separated. Such acoustic
zoning can be realised for example by means of partitions,
acoustic screens, strategically located acoustic absorption,
e.g. in sound sluices between the acoustic zones, near the
sources of sound (trains, supporters, loudspeakers etc.)
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Open Space Offices
In modern open space (or open plan) offices many people
are performing various working (and networking) activities
within the same space. It is essential that groups of people
can understand each other well, without being disturbed by
other people working and talking in the same space, or from
privacy point of view: without being understood at a distance.
In addition to being comfortable, the acoustics of those open
plan offices should be taken one step further by paying attention to the natural quality of the space: the soundscape
of the office should be subtly sparkling, with a stimulating
liveliness, conveying the dynamic ambiance of the creative
processes taking place in it.
On the other hand, experience with open plan offices has
proven that tasks requiring high levels of concentration are
better not carried out in open plan offices. Therefore, it is
wise for an architect not to expect that high concentration
tasks should happen in open plan offices, and to provide separate spaces of dedicated for such occasions.
In open plan offices not only is the number of people relevant
but also the spatial disposition of the workers. Intelligent distributions depending on the requirements of each group will
decrease the number of acoustic nuisances between them.
Acoustic elements such as acoustic screens can be used to
separate spaces to a certain degree not only visually but also
acoustically. Low reflective ceilings will increase the sound
reflections to other zones and, as a consequence, also the
nuisance. Such reflections should be minimised by raising
the ceiling height (>3m), by making (parts of) the ceiling
acoustically absorptive and by breaking up the sound reflections by means of vertical elements (e.g. structural beams or
ventilation ducts). In addition, the Reverberation Time should
be short, of the order of 0,5 to 0,6s. Please consult local regulators in every country on this topic.
The background noise should be carefully chosen, low
enough not to distract people, but also high enough in order
to create some acoustic “masking” for distant voices. Background noise levels for ventilation within the range of 35 – 40
dBA are recommended.
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Restaurants and Bars
Restaurants and bars are social spaces where people come
to meet others. That means that a certain degree of liveliness
helps to create the right atmosphere. However, there is a thin
line between a lively space and a noisy space. A lively space
should allow people to communicate without being isolated
from the other tables, whereas a noisy space complicates
communication around the table and creates acoustic fatigue. In many restaurants, unfortunately there is a tendency
towards the latter situation.
Communication in restaurants takes place between people around the same table – it can be called local communication. Several acoustic design elements and creative
techniques can be applied in order to facilitate this communication, e.g. reducing the table dimensions so the communicators get closer to each other and hence do not need
to raise their voice, acoustic absorption integrated into the
lighting just above the table creating early reflections towards themselves, etc..
The larger the number of people talking, the higher the reverberant sound level gets. As the reverberant sound level increases, the people raise their voice even more (without even
being conscious), and so on. This self-amplifying effect is
very common in restaurants, fluctuating over time in cycles.
It is difficult to handle, however it can be minimized by favouring the communication between people at the same table and disfavouring the across-table communication. High
ceilings, a lower Reverberation Time by adding acoustic absorption, acoustic screens or just longer distances between
tables will reduce the across-table communication. In addition, this will also increase the customers’ feeling of privacy.
Equally important is the need to ensure low background
noise levels from the kitchen, refrigerators etc.. Even background music should be carefully considered, because music
will also tend to increase the total background noise level and
will, hence, force people to talk louder.
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Houses, Apartments and Hotels
Over the years, interior design fashion has evolved towards
minimalism, using mainly glass, concrete and wood, i.e.
acoustically reflective surfaces, with almost no decoration
and very little acoustic absorption, if any. Smooth, naked
walls and the absence of carpets create very reverberant
spaces, strongly contrasting with the dampened acoustics
of the stuffed and highly decorated historic interiors with soft
finishes.
To achieve pleasant room acoustic conditions, the Reverberation Time of living rooms, bedrooms etc. needs to be limited to below approximately 1s. In trying to achieve this, every
piece of furniture or curtain counts. Every physical element
within a room will modify the acoustic ambiance. Hence, the
use of furniture offering some acoustic absorption will help
to keep the Reverberation Time low and by consequence the
acoustic ambiance will become much more comfortable.
For example, the use of bookshelves will increase sound
diffusion within the room as well as provide a significant
amount of sound absorption. Tables with a sound-absorbing
underside or couches will also improve the room acoustics.
Of course, a high degree of sound insulation, both with respect to the neighbours and within the dwelling, is essential.
Most countries now have standards with insulation performances to be met, both for airborne noise and structureborne noise
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Healthcare Environment
A noisy and inappropriate acoustical environment can be
dangerous for the psychophysical condition of healthy people. Therefore, it is crucial to create a good acoustic environment in rooms for healthcare. The first step is to identify all
possible sound sources starting from the external environment – acoustic maps might become helpful – with detailed
measurements carried out at different times of the day. Secondly, based on the architectural and technical projects, all
internal sound sources must be carefully defined. It is the responsibility of an architect to create very detailed plans, because only then an acoustician will be able to propose solutions limiting the noise level to optimal values for each room.
Interestingly, it is important for patient rooms to let certain
sounds enter them: quiet conversations, sounds of nature or
even the sounds of people walking in the corridors can be
beneficial to the recovery process. However, too strong and
noisy circulation in the corridors (e.g. carts with food or medical equipment, loud discussions, screams) will have an opposite effect. According to the WHO guidelines, the acceptable
equivalent sound pressure level of noise penetrating into the
rooms (from all noise sources together) can reach a maximum value of 30 dB Leq (day and night).
Besides requirements for external sound insulation and internal insulation (between the rooms) for walls, doors and windows, it is crucial to zone the functional layout of the rooms
properly, by grouping and locating loud rooms as far as possible from patient areas.
Due to the very strict hygiene requirements in a healthcare
environment – all interior finishes and fit-out elements must
be cleaned and disinfected (which results in hard, smooth
surfaces and synthetic closed-cell upholstery) – as well as
the relatively large volumes, there is a tendency towards
long reverberation time and a strong possibility of echo occurrence. Fortunately, there are special suspended ceiling
products on the market, which are both biologically safe and
acoustically absorbing (to a certain degree, i.e. αw=0,60).
However, most complications arise for the designers in the
aseptic zones (i.e. operating theatres) where any use of porous structures, characteristic for absorbing materials, would
be dangerous for health. The main goal in such rooms is to
choose the quietest possible medical equipment, ventilation
appliances and fittings (such as medical carts, doors, moving tables, etc.) as well as choosing proper locations in the
architectural plan.
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Sports Halls
High noise levels and long reverberation times are typical
acoustic problems in sport halls. In most European countries, published acoustical standards or architectural guidelines for schools concentrate on the prescription of acoustical requirements related to the reduced speech intelligibility
during sports classes, or to the moderation of sound levels
coming from the activities in the hall. Less attention has
been given to the resulting increased vocal effort of teachers of physical education or sport. In large sports complex
buildings, most of the attention is typically given to the main
sports arenas, in spite of the fact, that the most of the acoustic problems occur in small shoebox shaped gymnasia or
smaller training halls, due to high density of reflections.
Besides the effects of long reverberation times also other
disturbing phenomena may occur in sports halls. Well known
are late echoes or flutter echo in shoebox shaped halls or
different focusing effects of sound in elliptic or circular halls.
Whereas noise and reverberation have the main impact on
speech intelligibility, late arriving echoes typically do not affect the speech understanding.
Noisy and reverberant halls affect even more people suffering from hearing loss, and people with a visual handicap, who
use e.g. echo-location for their orientation in a hall.
In general, the total sound absorbing area in a sports hall
must be minimum 25%. (preferably 28%).
Different solutions for improvement have been developed
Because of hygienic and safety reasons, reduction of noise
levels and of reverberation time in sports halls is typically
performed by adding material with high absorption to the
ceilings. However, doing so, the diffusivity of the hall decreases, and different acoustic phenomena, such as flutter echoes
might occur. One way to avoid a flutter echo in a room is to
prevent reflections between two parallel walls, by adding absorption, by increasing the scattering of at least one of them,
or by tilting one or more walls. In many sports halls the walls
are tilted along a vertical axis. This enables to avoid flutter
echo, but it is not helpful to reduce the reverberation time
in a, so called, 2D-space. Several solutions are shown in the
Figure 1.
The prediction of the reverberation time or sound pressure
level of acoustically non-diffuse spaces by using classical
formulas (according to Sabine or Eyring) becomes difficult, if
not impossible. Modelling of the hall by a spatial 3D model,
followed by acoustical simulation, is therefore a better way
to predict such a non-diffuse space with certain accuracy.
Different solutions for improvement have been developed
Because of hygienic and safety reasons, reduction of noise
levels and of reverberation time in sports halls is typically
performed by adding material with high absorption to the
ceilings. However, doing so, the diffusivity of the hall decreases, and different acoustic phenomena, such as flutter echoes
might occur. One way to avoid a flutter echo in a room is to
prevent reflections between two parallel walls, by adding absorption, by increasing the scattering of at least one of them,
or by tilting one or more walls. In many sports halls the walls
are tilted along a vertical axis. This enables to avoid flutter
echo, but it is not helpful to reduce the reverberation time
in a, so called, 2D-space. Several solutions are shown in the
Figure 1.
The prediction of the reverberation time or sound pressure
level of acoustically non-diffuse spaces by using classical
formulas (according to Sabine or Eyring) becomes difficult, if
not impossible. Modelling of the hall by a spatial 3D model,
followed by acoustical simulation, is therefore a better way to
predict such a non-diffuse space with certain accuracy.

Examples of good solutions of acoustic absorption and / or
diffusion placement in sports halls
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Industry Hall
Planning new work stations, especially in acoustic terms
should be combined with comprehensive engineering of a
new industrial plant, and designing and implementation of
the required noise reduction means for the existing work
stations – with the upgrading design of the existing plant.
Three elements should become a starting point while undertaking designing works aimed at reduction of an adverse or
inconvenient noise impact; and these include: an acoustic
profile of the noise sources, acoustic properties of the space
where noise propagates and the acceptable level of noise in
the receipt spot as defined in relevant standards. In case of
the noise occurring in industry, a work station is a receipt
spot. Opposite to majority of emissions that characterise the
properties of machines as sources of it, the noise immission
parameters define the total noise reaching a work station
and the impact of noise on humans is defined by the noise
exposure.
The most effective way to reduce noise at a work station is
elimination of its sources. Due to the nature of operation of
machinery that is difficult to mute, this solution not always
might be applied. In such cases, other solutions are utilized.
The best results are achieved when several measures are applied at a time.
Below please find several types of means to suppress the
noise in and to develop industrial premises:
- application of materials and noise absorbing systems the
operation of which involves absorption of energy of the
sound wave falling on it. The absorbing material or system
installed on the walls or on the ceiling reduces the intensity
of the reflected sound waves causing reduction of a general
level of noise in given premises,
- relevant layout of the premises inside a building, and mainly
the one that ensures that “quiet” facilities (e.g. laboratories,
designing offices) were separated from “noisy” premises (an
engine test bench, a production hall, etc.) with premises that
are neutral in terms of noise (e.g. storage places, corridors,
etc.).
-increasing the distance between specific sources of noise,
- increasing the distance of a work station from the source of
noise (e.g. by application of a remote control, automation of
feeding material for processing, etc.)
- location of a work stationwhile taking a source radiation directionality into account (such location of a station so as to
place it in a spot to minimise the acoustic energy emission),
- installation of noise screens at the sources and objects i.e.
such location of specific work stations so as to make them
covered by natural obstacles located within the premises.
The noise reduction should aim at reducing its level to the
minimum achievable one while taking a type of the technological process, technical progress and availability of noise
reduction means into account.
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4.6 INTEGRATED DESIGN

1 Designing as a Process of Creation
and Exchange of Information			
2 Cooperation as a Duty

		

›
›

In the design process there are a lot of elements that architects must take into consideration and coordinate in the
scope of the project. Created space, building compartments,
structure, moving and transparent closings, materials and
their characteristics, ducks, electrical cables, ventilation, air
conditioning, SAP and others fire safety systems, monitoring,
fittings, finishing and costs – just to mention a few. They are
also responsible for proper communication and cooperation
of all engineers, designers and technologists who take part in
the investment process.
A very important element of these “design puzzle” is acoustics – a part of overall integrated design process. Just to give
an example: if architects plan to have a large, open and rectangular hall, fitted with hard, even surface of floor, walls, and
ceiling, they should expect long reverberation time, possibility
of echo occurrence and risk of flatter echo. But just by adding
irregularities on walls, curtains, and acoustically active suspended ceiling, they can expect sound field to be more diffusive (softer in subjective view) and less reverberant (excess of
sound energy will be absorbed by textile and special panels).
In this way designers can shape acoustics as they model a
building. Of course, it is crucial not to forget about fire safety
requirements when curtains are considered, about structural
requirements, while designing suspended elements or special tectonic of the walls or human health safety in addition to
chosen materials. Crucial to integrated design process is to
work closely with acoustics or acoustician, if required, form
the beginning of work, same as it is practiced with other project engineers, in order to make the final effect optimal and
economical.

Animation 3 Integrated design process.

1

Designing as a Process
of Creation and Exchange
of Information
The design process is part of a larger whole – the investment
process. The latter is defined as all activities necessary to
complete a specific project. Contrary to common opinion, it
includes not only the activities that can be seen on the construction site, but the full cycle of “building life”, and therefore
also all the preparatory activities and operations of the building until its final demolition or reconstruction. This is presented by the model developed by the International Standardization Organization (Tab. 1).
In this model the creation of the building is divided into three
phases. The first, called ‘Inception’ includes all preparatory
steps preceding the design development. The most important of these is the identification of a customer needs and
‘translate’ them into the specialized language of design. At
this stage, an architect uses the help of many experts, some
of which will not be involved at the next stages, for example
financial experts. However, the results of the analyses often
have a decisive influence on the orientation of the project.
Table 1. The life cycle of a building, according to the ISO Technical Report 14177:1994 [ ].
Creation

Phase
Inception

Example
activities

Design

Use
Production

EnvironmenAssess suittal and space
ability of site
design

Production
planning

Assess
financial viability

Product sup- Facilities
ply
operation

Formulate
design brief

Constructional design

Facilities
management

Decommissioning

Demolition
Environmental + safety
management

Construction Facilities
installation
maintenance
Time/cost/
quality management

Duration

Normally
less than 1
year

ApproxiApproximately
mately
1 ÷ 5 years
1 ÷ 5 years

Up to 100
years

Normally less
than 1 year

When deciding on the choice of site, an acoustician might
be required to comment on particular details adjacent to a
boundary and in line with comments arising during planning
discussions. The same is when determining the project strategy.
Identification of requirements – the necessary range for
specialist acoustic solutions, resulting from environmental
constrains of location and from the object function is a very
important part in defining the strategy. The initial determination of this range significantly affects the further stages of
the project.
The second phase, called ‘Design’ is closest to the design
process as it is commonly understood. It includes the development of further, more and more detailed and internally
coherent and coordinated designs, which are the technical
definition of the future object. They are accompanied by the
development of elaborations for the next stage – construction works.
The development of subsequent versions of the design is an
iterative process. On the basis of the initial data an architect
develops the first proposals, which are in turn the starting
point for specialist designs. The latter are developed with a
degree of autonomy of designers but must be coordinated
with designs developed by other team members, as well as
with the overall project strategy. A coordinator is always an
architect who is the leader of the team.
In the third phase, ‘Production’, designers respond to queries
from site ,generated in relation to the design, carry out site
inspections and prepare quality reports.
From the above description it turns out that the design can be
considered as the process of creation and exchange of information. Information is created by all agents (i.e. the persons
responsible for the specific process or activity) involved in the
investment process. Matter, energy, human resources and related information are assigned to each phase of this process.
The exchange of information is possible through the use
of appropriate terminology, standards, symbols etc. Any information received may affect the operation of each of the
agents. Therefore, it is particularly important that the information is properly addressed and reaches the right recipient
at the right time (i.e. when it is possible to take it into account
at no additional cost). Schematically, the exchange of information in the investment process is shown in Fig. 1.

Figure 62. The structure of the flow of information in the project.

2

Cooperation as a Duty

The design process is part of a larger whole – the investment
process. The latter is defined as all activities necessary to
complete a specific project. Contrary to common opinion, it
includes not only the activities that can be seen on the construction site, but the full cycle of “building life”, and therefore
also all the preparatory activities and operations of the building until its final demolition or reconstruction. This is presented by the model developed by the International Standardization Organization (Tab. 1).
In this model the creation of the building is divided into three
phases. The first, called ‘Inception’ includes all preparatory
steps preceding the design development. The most important of these is the identification of a customer needs and
‘translate’ them into the specialized language of design. At
this stage, an architect uses the help of many experts, some
of which will not be involved at the next stages, for example
financial experts. However, the results of the analyses often
have a decisive influence on the orientation of the project.
Table 2. Integrated design as a part of the architect’s Plan of
Work
0
Strategic
Definition

understanding of client’s needs and
objectives
identification of other project requirements

interview with the client – asking the
right questions in order to properly
define the scope for a project
definition of the scope of tasks for
acoustician
review of alternative sites and options
(extensions, refurbishment or new
build etc.)
review of alternative acoustic approaches and technologies

1
Preparation
and Brief

developing of project objectives and
budget
reconnoitring of important project
parameters and constrains
developing of initial project brief
preparation of feasibility studies and
review of site information

assembling the project team and defining each party’s roles and responsibilities
defining rules for the information
exchange
consideration of the site or context
collating any available information
estimating the budget
developing the initial project brief

2
Concept
Design

preparation of concept design
outline proposals for structural design and building services systems
agreeing alterations to project brief
and issue final project brief

developing the initial concept design
analyzing a number of different project strategies and their influence on
the final concept design
comparing elaborated studies with
initial project brief
parallel preparation of auxiliary studies, e.g. cost information, construction strategy etc.

3
Developed
Design

preparation of developed design
preparation of coordinated and
updated proposals for structural
design, building services systems
preparation of specifications outline

further development of the initial
concept design
iterative detailing of the design, with
application of tools specific for each
building service, design workshops
etc.
continuous analysis of information
generated by other specialists
transforming the initial brief into the
final concept design

4
Technical
Design

preparation of technical design,
including:
all architectural, structural and building services information
specialist subcontractor design and
specifications

refining of all component designs
to provide technical definition of the
project (the level of detail produced by
each designer will depend on whether
the construction on site will be built
in accordance with the information
produced by the design team or
based on information developed by a
specialist subcontractor)
including of the developed designs of
specialist subcontractors
final coordination of all designs (developed independently with a degree
of autonomy) by the lead designer.
review of all design information

5
Construction

offsite manufacturing and onsite
construction
resolution of design queries from
site

responding to design queries from sit
generated in relation to the design
carrying out site inspections
production of quality reports
preparation of the ‘As-constructed’
information

6
Handover and
Close Out

handover of building and conclusion
of Building Contract

inspection of defects
undertaking tasks in relation to commissioning or ensuring the successful
operation and management of the
building

7
In use

undertaking in-use services

post-occupancy evaluation
review of project performance
any other new duties that can be
undertaken during the In Use period
of a building

The comparison presented in Tab. 2 shows clearly that the
cooperation of all participants in the investment process is
a mandatory element of the profession of an architect. They
are obliged to use the help of specialists from the first moments of the work on the project. They are also coordinators
of all professionals belonging to the project team. Of course
this refers also to also the acousticians.
The old joke says that each project has five stages:
• enthusiasm
• mess
• searching for the guilty
• punishing the innocent
• rewarding those who do not deserve it
This joke comes true only if one does not respect the rules of
professional practice as well as when the cooperation fails.
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4.7. TOPOLOGY OF CONCERT HALLS AND OPERA HOUSES

This chapter presents different types and shapes of halls
for music along with some historical background. It is obvious that this topology overview is not exhaustive and that
the boundaries between the different types of halls are not
always well defined – to give one example: a vineyard hall can
also be inscribed inside a shoebox hall. The given descriptions will help to understand how the different types of halls
work acoustically.

Tap on the icon or sign to see all informations.

SHOEBOX
CONCERT HALL

VINEYARD
CONCERT HALL

EARLY
REFLECTION DESIGN
CONCERT HALL

ARENA AND
AMPHITHEATRE
CONCERT HALL

FAN-SHAPED
CONCERT HALL

HORSESHOE
CONCERT HALL

MULTIPURPOSE
CONCERT HALL

1

The “Shoebox” Concert Hall
Firstly, it is interesting to note that the shoebox shape typically associated, in the minds of many, with concert halls,
is closely related to the history of the development of these
rooms.
Historically, the shoebox concept has developed from rehearsal and ballrooms of royal courts, on the one hand, and
from churches - in particular protestant – on the other. In the
latter spaces, speech intelligibility was more important and
the acoustic quality is often similar to that of concert halls, as
we know them in our times.
Ballrooms were usually rectangular, often with very high ceilings – not only for the quality of air but also to impress the
guests. The materials were essentially reflective, from an
acoustic point of view (timber floor, plaster and/or marble,
some windows and perhaps a few tapestries), and exhibited
many ornamentations. Sometimes, these rooms contained
also small galleries and balustrades. Regarding their shape,
these rooms were either square or elongated, and therefore
already of the shoebox type. It is thought that the shoebox
concert hall came into existence due to the structural possibilities offered by wooden ceiling structures, which enabled
a maximum span of 27m.
Besides, a significant part of the music repertoire still played
today was specifically composed for these particular rooms
and their specific acoustics. To give some examples: Haydn’s
early and middle symphonies (for Prince Esterhazy’s castles
in Vienna and in Eisenstadt), Bach’s compositions (Weimar and Köthen) and the quartets and first symphonies by
Beethoven for the Rasumofsky Palace.
The protestant churches, which are of particular interest here,
are rectangular (rather elongated) with great ceiling heights.
Galleries or balconies were frequently built to accommodate
musicians, choirs or audience. These churches were often
acoustically treated to improve speech intelligibility, despite
the ceiling height. Part of the classical repertoire was composed for these churches.
Less relevant here are catholic churches and cathedrals.
Their important volume and ample acoustics have also led to
a specific musical repertoire requiring greater reverberation
than that of a typical concert hall. It remains, however, interesting to note that these musical compositions (e.g. early music, masses and requiems) were, for a long time, performed
exclusively in churches and cathedrals. This type of compositions has, since then, been deconsecrated and introduced
to concert halls. Therefore, the requirements of this music –
particularly the extension of the reverberation time above the
generally required 2 seconds – are also to be considered for
the design of new concert halls.
What is characteristic of most shoebox halls – and particularly the historical ones – is their “fullness” of sound, the importance of the room effect and the sensation of being surrounded by sound. For small shoeboxes without balconies this is
not really surprising as one can compare them to “extended
bathrooms” where (luckily) a lot of ornamentations mitigate
the undesirable effects of flat and reflective parallel walls.
The sound generated by the instruments, in addition to the
direct sound, propagates to the ceiling and is reflected back
towards the audience after a relatively long trajectory (and
thus a long time delay). Apart from the direct sound, there is
little early acoustic energy and early reflections, while the late
energy and the feeling of a late sound field are dominant. This
works quite well for small halls with moderate ceiling heights
but not for large rooms: the lack of early energy becomes noticeable and the source presence, the definition and speech
intelligibility become too small. (This is typically the case of
e.g. catholic churches and cathedrals, or shoebox halls without balconies.)
The lateral balconies and more particularly their lower surface play a major role in the acoustics of shoebox concert
halls. In most large halls, the seats on the ground floor receive
less early reflections from the ceiling than from the horizontal soffits of the lateral and back balconies. Above the highest balcony, there is generally sufficient ceiling height to allow build-up of reverberation between the lateral walls. The
area below the highest balcony is essentially used to generate reflections, increasing the early energy and therefore the
source presence, listening precision and intelligibility.
It should be noted that there is a limit to the ceiling height: the
echo corresponding to a distance of 17m (return path of 34m
or 100ms delay). A ceiling height of 17m above the stage is
detrimental to the listening comfort of the musicians themselves. For rooms of which the ceiling height exceeds 17m,
one must imperatively introduce acoustic reflectors or a continuous ceiling (canopy type) above the stage and above the
front rows of the stalls.
Another limitation for shoebox halls has already been mentioned: ornamentations or other elements are essential to
avoid the undesirable effects of reflective parallel walls that
colour the sound and generate flutter echoes between the
walls. In the 19th century, the ornamentations were an integral part of the architectural expression. Contemporary architecture addresses these limitations by using contemporary
sculptures and 3D patterns, by using wall profiles and finishes
that – at least locally – disturb the parallelism of the hall. This
“anti-parallelism” treatment adds, what is commonly referred
to in acoustics as, “diffusion” leading to a wider distribution of
reflections – as the reflected wave is wider than the incident
wave.
Certain studies of the acoustic quality of existing halls have
found out that the properties of acoustic diffusion – or the
average ability of the treatment to diffuse sound – are the
most important criteria to define the quality of a shoebox
room.

Figure 63. Example of a shoebox hall in plan and section. Typical
for a shoebox hall are the rectangular shape (often elongated),
great ceiling height, and often the existence of galleries and balconies for the musicians or audience. Distortion and patterns
(balconies, columns, niches and/or other elements) are essential
to avoid the detrimental effects of parallel reflective walls, i.e. coloration and standing waves).

Figure 64. Illustration of the acoustic role of the balconies: simulation of the rays’ trajectories in 2D. The red lines represent the
incident rays; the grey lines represent the reflected rays (respectively 1st and higher order).
Left image: when there are no balconies, the rays are reflected at
the ceiling of the room. For a relatively large room, these reflections can reach a listener with a significant time delay. There are
much less early reflections, responsible for the clarity and the
feeling of envelopment.
Right image: for the parterre seats, the lower surfaces of the
balconies generate early reflections. Above the highest balcony,
there is generally enough ceiling height for the reverberation to
be developed between the lateral walls. The area below the highest balcony is essentially used to generate reflections, increasing
the early energy and therefore the presence of the sources and
intelligibility.

Figure 65. Example of a historic shoebox hall: Amsterdam Concertgebouw (1888) (c) Leander Lammertink

Figure 66. Example of a contemporary shoebox hall: Stavanger
Konserthus (2012)
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The “Vineyard” Concert Hall
The typical model of a vineyard hall is the Berliner Philharmonie (Berlin Philharmony). It is interesting to note that the
concept of vineyard halls has been developed by Lothar Cremer, the acoustician for this hall, as a response to architect
Hans Scharoun’s wishes to locate the orchestra as close as
possible to the centre of the room and to surround it on all
sides by the audience. The original concept of Scharoun was
to have a completely circular hall with a shape close to an amphitheatre, where a conductor would be standing exactly in
the centre of the circle, under a dome-shaped ceiling – a very
dangerous concept acoustically, as this geometry is prone to
serious acoustic focusing. The principle behind Scharoun’s
concept was to position the orchestra as close as possible to
the centre and thus create the most “democratic” hall. To respect the fundamental rules of acoustics, Cremer suggested
a ceiling with shape of a tent rather than a dome and to break
up the symmetry of the hall by using convex curves. He replaced the concave curves, which tend to focus sound, with
convex curves, which diffuse sound. The idea of placing an
orchestra in the centre was kept.
Also, the fact that the audience is located behind and to the
sides of the stage, combined with the absence of a balcony
has resulted in a room width that is much bigger than that
of shoebox halls, and clearly wider than what is acoustically
acceptable without having to introduce compensating elements. The latter elements, consisting of large wall sections,
or partial walls creating “vineyard terraces”, helped to reduce
the apparent acoustic width of the hall and create acoustic reflections, leading to the concept of the vineyard concert hall,
with its cluster of separate audience terraces.
It is very important to realise that the partial terrace walls
are not the only elements that guarantee the acoustic quality
of such halls. The surface area of these walls is often insufficient to provide the necessary reflections to cover the entire audience. Other elements play an important role, as well,
such as the shape of the ceiling, which must be designed to
allow a homogeneous distribution of the reflections over the
entire hall and a sufficient acoustic volume above the musicians. In particular, the presence of acoustic reflectors above
the stage can, if an appropriate profile is chosen, generate
enough early reflections for the audience in front of the stage,
for the musicians, as well as for the audience located behind
the orchestra.
One of the major advantages of vineyard halls is the short
average distance from the audience to the stage, resulting
in good visual and acoustic intimacy.

Figure 67. How a vineyard concert hall works: schematics of
two-dimensional sound ray trajectories in plan.
Left: the circular shape is detrimental and generates zones of
acoustic focusing, depending on the position of the source.
Middle: It is necessary to break up this circular shape to diversify
the directions of the reflections.
Right: Depending on the capacity of the hall, the basic shape can
generate important distances between the central stage and the
walls, leading to a lack of early energy for the rows close to the
stage. Adding partial walls (of partial height) help creating these
early reflections in the central area of the hall.

Figure 68. How a vineyard concert hall works: schematics of
two-dimensional sound ray trajectories in section. The shape of
the ceiling must be designed to allow a homogeneous distribution of the early reflections over the entire hall and to guarantee a
sufficient acoustic volume above the musicians.

Figure 69. The first vineyard hall: the Berliner Philharmonie, designed by Hans Scharoun and Lothar Cremer (1963). (c) Matthias
Heyde

Figure 70. Diagram of the spread of early reflections in the Berliner Philharmonie [Barron, 1993, p. 98]

Figure 71. Example of a new vineyard hall: Musiikkitalo, Helsinki,
Finland (2011). (c) Musiikkitalo

Figure 72. Example of a contemporary interpretation of the vineyard configuration: the new concert hall at the Grand Theatre of
Jinan, China (2013). (c) Philipe Ruault
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The Early Reflection
Design Concert Hall
The term “early reflection design hall” is not, a priori, a welldefined term as in all large concert halls, the early reflections
and their temporal and spatial distribution must be optimised.
Two particular types of concert halls can be distinguished in
this category.
Firstly, at the early stages of the science of acoustics (parallel
with the development of loudspeakers), the aim was to optimise the projection of sound from sources towards the public. The idea was to strengthen the sound from the sources
by using early and directed reflections but also to reduce the
room effect - partially or as much as possible). The aim was
to be able to listen to the sound sources without too much
detrimental effect from the room. For loudspeaker listening,
“high fidelity” and other “optimised listening rooms” were built,
particularly in the US, sometimes with a capacity of several
hundreds of seats, resulting in acoustics as dry and absent
as possible.
In this theory, acousticians did not consider (or did not yet
know) that the feeling of space and aural envelopment –
and thus the need for the listener to hear the room as well
as the sources – is extremely important in the appreciation
of the acoustic quality. Most high-fidelity rooms have been
destroyed or transformed using more reflecting surface finishes. Also, early experiments with artificial reverberation
systems were carried out in such rooms.
The listener’s subjective need for a significant and audible response of the room, and more particularly its lateral response
- discovered in the 1960s - is described in more detail in the
chapter on subjective and objective parameters. The ear (and
the brain) wants to both hear and follow the source (subjective perception of the presence of the source), and hear and
discover the hall, the environment in which the listener is
present (subjective perception of the presence of the room).
The lateral incidence of early and late reflections increases
the difference of signals reaching the two ears and contributes to the feeling of space and immersion in the acoustic
and musical environment.
Secondly, following the discovery of the importance of the
spatial effect and lateral reflections, several halls have been
designed and called “optimised early reflection halls”. To guarantee a good source presence in halls of large dimensions
(more than 2000 seats), reflectors are installed and orientated/optimised so that useful early reflections can be generated for every seat.
To increase the feeling of aural envelopment, the reflectors are
orientated so that they create lateral reflections rather than
frontal ones. Moreover, to increase the homogeneity of the
distribution of these reflections and to increase the acoustic
diffusion, the reflectors can take the shape of acoustic diffusers, according to the concept of quadratic residue diffusers
(QRD) developed by Manfred Schroeder.
However, the set of reflectors does not create a separation between the inside and the outside of the hall - they are not the
walls of the hall - but are installed within the acoustic volume
of the room. The reflectors ensure a good projection between
the sources and the audience and a good presence of those
sources, while the volume of the room allows a relatively long
reverberation time and sufficient presence of the room and of
the late sound field. Otherwise, the late sound field will often
be masked by the early reflections.

Figure 73. Schematisation of an “optimised early reflection hall”:
simulation of the rays’ two-dimensional trajectories. In plan: the
reflectors ensure good projection between the sources and the
audience and good presence of those sources, while the volume
of the room allows a relatively long reverberation time and sufficient presence of the room and of the late sound field. In section:
the ceiling must be relatively high to ensure sufficient acoustic
volume. The ceiling reflectors generate enough early reflections
for good clarity and intelligibility in all locations of the hall.

2B

The Arena and Amphitheatre
Concert Hall
The arena halls and amphitheatres were developed from the
arenas and theatres of the antiquity. This shape is very effective acoustically for theatre and speech: the distance between
the sources and the listeners is minimised, the direct sound
has sufficient energy (particularly if the row profile follows the
logarithmic curve raising the rows as they get further from
the stage) and a reflective wall is included behind the stage
(“choir”). However, this shape creates acoustic problems for
music and it is necessary to increase the reverberation and
the room effect by closing off the acoustic volume.
A circle – and consequently a sphere – is a geometry that
does not favour the creation of a homogeneous sound field.
For a source located in the centre of the sphere, there are
only reflections along a diameter of the sphere and therefore
no lateral reflections for receivers not located in the centre. A
circle favours the energy transmission from a source to a receiving point located at the same distance from the centre of
the circle – whispering galleries are an example of this – but
does not favour the energy transmission from a source to a
receiving point located at different distances from the centre.
To make an arena-shaped hall work, one needs to introduce
acoustic elements (strong acoustic diffusion or partial absorption) on the curved walls in order to “break up” the concave shape that generates focusing and to add reflective surfaces inside the volume to obtain a better distribution of the
acoustic energy. For example, the audience can be surrounded by a large corridor so that the sound does not reach the
external concave (and therefore focusing) walls. Additionally,
acoustic reflectors covering part of the stage and the audience can be installed for a better energy distribution.
In summary, the difficulty of this type of hall is first to avoid
focusing and then to guarantee sufficiently homogeneous
acoustics throughout the hall, because the acoustic quality
too often remains quite different for the seats close to the
stage and those further up.

Figure 74. Example of an arena hall.

Figure 75. Acoustic effect of the arena shape: simulation of the
two-dimensional ray trajectories.
Left: For a source located at the centre of the sphere, there are
only reflections along a diameter of the sphere and therefore no
lateral reflections for receivers not located in the centre.
Right: A circle favours the energy transmission from a source to
a receiving point located at the same distance from the centre of
the circle.

Figure 76. Example of a historic amphitheatre in Kos, Greece.
(c) Greeka

Figure 77. Example of a modern arena configuration in Caesars
Palace Hotel, Las Vegas, Nevada, USA. (c) Caesars Palace Las
Vegas
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The Fan-shaped Concert Hall
A type of a hall to be avoided from an acoustic point of view
is the fan-shaped hall. The advantage of such a shape is that
it maximises the capacity for a relatively short distance to the
back of the stage while conserving an acceptable angle of
view (sightlines). It is therefore not a surprise that fan-shaped
halls are often used as multipurpose halls, destined to host
operas and concerts. Mostly, they were built after World War
II and an important number of them can be found in the United States.
When these halls were constructed, the notion of acoustic
variability had not yet been sufficiently developed. The acousticians were concentrating on the “mean reverberation time”,
which is a compromise between the optimum reverberation
time for classical concerts and that for opera. Also, the importance of lateral reflections had not yet been discovered.
The reflections of the lateral walls – if any – are directed towards the back of the room while the front and middle areas
do not benefit from any of those reflections (mainly lateral).
The lack of lateral reflections can only be partly compensated
for by ceiling reflections (most of the fan-shaped halls indeed
have a relatively low ceiling and consequently too small an
acoustic volume to guarantee an appropriate late reverberation). This absence of lateral reflections results in a weak subjective sense of envelopment.
Some of the more recent halls still adopt a general fan shape.
The use of such rooms confirms that the shape is detrimental to the acoustics and that these halls can only provide acceptable results if some appropriate reflectors are carefully
installed within the volume of the hall to completely “break
up” the fan shape.
There is another type of hall, derived from the fan shape,
called the “reverse fan-shaped hall”. It is more an extension or
optimisation of the shoebox shape in which the lateral walls
are not perfectly parallel to each other but create a room
which is wider at the front than it is at the back. The advantage of such a room is that the reflections of the lateral walls
become more efficient at the back of the room. For a rectangular shoebox, the reflections on the rear end of the lateral
walls do not reach the middle area of the room. By narrowing the back of the room, these reflections can be orientated
towards the listeners in the middle area. The reflections are
therefore being reinforced in the back of the room and for the
entire audience.

Figure 78. Example of fan-shaped hall. The advantage of such a
shape is the maximisation of the capacity
for a relatively short distance to the back of the stage while conserving an acceptable angle of view.

Figure 79. The acoustic effect of the fan-shape: simulation of
the two-dimensional ray trajectories.
Left: the reflections of the lateral walls – if any – are directed
towards the back of the room while the front and middle areas do
not benefit from any of those reflections.
Right: the lack of lateral reflections can only be partly compensated for by having acoustic reflectors on the walls but also on
the ceiling.
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The „Horseshoe” Hall
Horseshoe halls were initially developed by Italian architects
of the baroque period. This architectural shape spread across
Europe during the 17th century and became a paradigm for
opera houses in the entire world. Most of the opera repertoire – even of the contemporary period – was composed
for rooms of that shape. Some concert halls were also designed with a horseshoe shape – mostly in the late 19th and
early 20th century – with examples such as Carnegie Hall in
New York, Salle Henry Leboeuf in the Palais des Beaux-Arts in
Brussels and Théâtre des Champs Elysées in Paris.
The horseshoe hall is characterized by a “U” shape in plan
with 3 (London Royal Opera House) to 6 (Milan Teatro alla
Scala) levels of rounded balconies that continue unto the proscenium wall. Several variants to this “U” shape can be observed. Side walls near the stage can either be strictly parallel
or slightly angled in plan. The shape of the balconies can also
be different from the shape of the walls, such as in Dresden
Semperoper or Vienna Staatsoper where the balconies are
fan-shaped near the stage and give a “round” appearance to
the hall even if its side walls are actually parallel.
Some modern architects, mainly in the 60s, 70s and 80s,
tried to get away from the supremacy of horseshoe shape
operas and follow the example of Wagner’s Festspielhaus in
Bayreuth, designing opera halls with a fan- shaped plan and
no side balconies. However, those attempts were rarely successful acoustically. Most of the successful recent opera
houses are of horseshoe shape (Beijing Opera, Oslo Nytt Operaen, Copenhagen Operaen, Opéra de Lyon).
The success of the horseshoe shape for opera houses relies
mainly on the possibility to achieve very high density: a large
number of seats can be accommodated in a relatively smaller volume and with very good proximity to the stage. This
is both advantageous for the visual relationship between the
stage and the audience and for the acoustic quality of opera.
Two key aspects for the acoustic success of a horseshoe hall
will be discussed as follows:
Firstly, the side balconies act just as in shoebox halls: audience located on the ground floor receive a major part of their
acoustic energy from successive reflections off the horizontal soffits of these side balconies and side walls. Balconies
have to be sufficiently spaced horizontally to provide efficient
reflections towards the parterre and good acoustics for seats
located under an overhang. But an appropriate balance has
to be found as an excessive horizontal spacing of balconies
would be detrimental to appropriate visibility and good proximity of audience members to the stage.
Secondly, the shape and the detailed design of the portion
of the sidewalls located near the stage on each side of the
proscenium opening are of very high importance to acoustic
quality. These walls are located very close to the singers and
should be designed so as to provide a good projection of their
voice to the audience. Excessively fan-shaped sidewalls (near
the proscenium) or inappropriate technical installations (e.g.
too much lighting) on or in this location have to be avoided,
or compensating acoustic solutions will need to be provided.

Figure 80. In horseshoe halls, side walls near the proscenium
play a crucial role for the projection of sound
from the stage to every seat in the audience.

Figure 81. Example of a horsehoe hall: the Royal Opera House at
Covent Garden in London, UK. (c) Pete Le May_ROH
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The Multipurpose Hall
The notion of multi-purpose uses for a hall has been around
for a very long time (e.g. ball rooms in castles in which concerts were held and that preceded the current concept of
concert halls) but has been clearly expressed only during the
first half of the 20th century and has not found adapted solutions until the end of the 20th century.
Until the 1950s, being asked for a multi-purpose room –
which, for example, could host concerts and operas – acousticians used to look for a compromise between the various
criteria. A multi-purpose hall at that time was “static” and
without acoustic variability, with a reverberation time on the
long side for operas and (far) too short for classical music
concerts.
Musicians and public have, unanimously, judged these halls
as unacceptable acoustically. Acousticians, architects and
theatre consultants had to come up with concepts to adapt
the acoustics of the hall to the different representations. We
now know that to adequately adapt a hall, one must:
• Introduce variability in the acoustics of the room. This
variability must allow for more than a simple change of
reverberation time (by using acoustic curtains or other
absorbing material, or by adding artificial reverberation
via an electronic system). The criteria to adapt are: the
acoustic volume, the loudness, the lateral energy and potentially the spectral balance and/or orchestral balance;
• Introduce flexibility in the architecture of the room. In
some cases, these modifications can be minor, in others
cases, they will have to be major. The simple reason for
that is that each performance is associated with a particular set of needs and often a different relationship between the audience and the artists. To address this issue
correctly, one must also respect the expectations of the
public that also vary with the type of performance. During the last decades, architects, theatre consultants and
acousticians suggested a vast list of possible solutions:
• Acoustic curtains in horizontal operation (often under the
lateral balconies, in front of the walls of the halls) or in
vertical operation (often coming down from the ceiling,
either along the walls, behind the lighting bridges, or in
the middle of the ceiling, directly above the audience);
• Ceiling with variable height, to obtain a variable acoustic volume depending on the type of acoustics desired;
sometimes by closing off a balcony, sometimes by simply modifying the acoustic volume while keeping the total
number of spectators constant;
• Variation of the acoustic volume by moving wall elements
or by closing off part of the room volume;
• Variation of volume by addition of reverberation chambers. These chambers add volume that can be coupled
into the main acoustic volume of the hall;
• Variation of the acoustic coupling between the volume of
the hall (including the musicians and public) and a secondary volume (located behind the acoustic reflectors
and often non-visible) by tuning the acoustic reflectors or
the opening area between the two volumes;
• Removing part of the stalls seating or the entire stalls
seating area to install a flat ground for concerts with a
standing audience, exhibitions or other types of activities;
• Increase or decrease of the stage area: either at the front
by adding one or several stage elements or at the back by
removing part of the choir and public seating;
• For operas and theatres, the most well-known mechanism to adapt the hall to symphonic music is the installation of a concert shell on stage, potentially combined
with front stage elements. These projects often integrate
one or several orchestra pit lifts to seat a large part of the
orchestra in front of the proscenium.
Other proposed solutions have pushed the boundaries of
variability and flexibility, in particular in opera houses and
theatres:
• Mobile proscenium (in halls with a fly-tower): in multi-purpose halls where the opening of the proscenium needs to
be widened during concerts of classical music. The opening of the proscenium can be wider than 20m, which is
wider than a concert stage;
• Mobile changing rooms to accompany the shift from a
proscenium opening of 12 to 14m to a non-existing frame
or to a frame opening of 20m. In some cases, these
stacked changing rooms can rotate, in other cases they
can be moved laterally, or both movements can be combined;
• Mobile choir balconies, partial or total. The mobility of a
few rows of the choir leads to a flexibility of the size and
location of the orchestra, and a variation of the capacity
of the choir (or audience) behind the orchestra. When the
entire choir can be removed, it is possible to place the
back of a concert hall stage in a traditional fly-tower;
• Mobile choir towers (also for the audience): these typically have two or three levels, with an internal staircase integrated at the back, on wheels or air cushions. They are
movable on stage similar to the elements of an orchestra
shell. Most of the halls that have pushed the boundaries
of variable acoustics and theatrical/acoustical/architectural flexibility are rectangular. There is a good practical
reason for that: the displacements of objects are simpler
to imagine in a simple rectangular geometry. At the same
time, it is interesting to note that for other existing hall
shapes (e.g. vineyard, early reflection design etc.) elements of acoustic flexibility are rarely been integrated
despite similar needs.

Figure 81. Example of variable acoustics by means of reverberation chambers (KKL Luzern, Switzerland). (c) KKL Luzern

Figure 82. Example of variable acoustics by means of coupled
volumes (Théâtre de l’Archipel, Perpignan, France). (c) Brigitte
Metra & Associes Paris

Figure 83. Example of variable acoustics by means of curtains/
banners (Kraakhuis De Bijloke, Gent, Belgium)

Figure 84. Example of variable stage acoustics (Casa da Musica,
Porto)
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Maison
Maison de
de la
la Radio
Radio || Flagey
Flagey
Location
Location Brussels,
Brussels,Belgium.
Belgium.

Studio
Studio11 Studio
Studio44

MAISON DE LA RADIO FLAGEY INFORMATION SHEET
Location Brussels, Belgium. Historic landmark building.
Project Cost 43 million €.
Time Frame 1998-2002. Completed October 2002.
Owner Maison de la Radio Flagey SA.
Architect(s) Philippe Samyn, Samyn & Partners, Brussels; Architektenburo Storme-Van Ranst, Antwerp.
Theatre Planner(s) Jim Clayburgh, Joji Inc, Brussels.
Seat Count 900-seat orchestra and recital hall (Studio 4), 200-seat recital hall (Studio 1), several smaller
studios, cinema. Total area 6 500 m².
Uses

900-seat hall: recitals, chamber orchestra and symphony orchestra, general multi-purpose uses

(semi-stage opera, world music, dance, lectures, congress, etc.). 200-seat hall: recital, chamber music,
jazz, etc.
Services Participation in basic design concept, comprehensive acoustic consulting services. Project continuity and construction supervision assured by Kahle Acoustics as a sub-consultant to Artec Consultants
Inc.
Team Eckhard Kahle, Project Manager for Artec Consultants Inc, and Ed Arenius, Russell Johnson, 1998
to 2001. Eckhard Kahle, Kahle Acoustics, since 2001, and Artec Consultants Inc.
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Ensemblehaus
Location Freiburg, Germany
ENSEMBLEHAUS INFORMATION SHEET
Information Sheet
Location   Freiburg, Germany.
Project Cost   3 million €.
Time Frame   Design 2010-2011, construction 2011-2012, opening May 2012.
Owner   Freunde der Baden-Württembergischen Ensemble-Akademie Freiburg e.V. (Freiburger Barockorchester & Ensemble Recherche).
Architect(s)   Böwer Eith Murken Architekten, Freiburg.
Seat Count   Two large rehearsal rooms (200 m² and 150 m²), two ensemble rehearsal rooms, three practice studios, offices, meeting room and foyer.
Uses   Rehearsal room complex for both the Freiburger Barockorchester & the Ensemble Recherche, one of
the leading baroque music ensembles and one of the leading contemporary music ensembles in Germany.
Services   Full acoustic concept and detailed design of rehearsal spaces, including on-site supervision.
Team Eckhard Kahle, Kahle Acoustics.
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Music Center De Bijloke | Kraakhuis
Location Ghent, Belgium
MUSIC CENTER DE BIJLOKE INFORMATION SHEET
Location   Ghent, Belgium. Historic landmark building.
Project Cost   Not available.
Time Frame   Beginning of design in 2006, start of construction 2007, opened in February 2008. Completion of second phase in November 2011.
Owner   De Bijloke City of Ghent.
Architect(s) Architectuuratelier Oswald Van De Sompel, Ghent.
Artist   Ara Starck (Second phase).
Theatre Planner(s) TTAS Office, Marc Lambert & Pieter De Kimpe.
Seat Count

Conversion of the 16th century Kraakhuis hospital hall into a minimalist historic 250-seat

room. Renovation and adaptation of the 19th century anatomic 100-seat theatre of the Bijloke campus for
lectures and film projections.
Total area 4 000 m².
Uses   Concerts, chamber music, recitals, jazz, dance, conference.
Services   Acoustic concept and acoustical consulting throughout the project. Second phase: Provision of
retractable bleecher seating and acoustic curtain installation in ceiling vault, providing variable acoustics
at the push of a button. Designed in collaboration with artist Ara Starck.
Team   Thomas Wulfrank, Project Manager, Eckhard Kahle, Kahle Acoustics.
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University of Music Campus One
Location Karlsruhe, Germany
UNIVERSITY OF MUSIC CAMPUS ONE INFORMATION SHEET
Location   Karlsruhe, Germany.
Project Cost   30 million € for opera/concert hall, multimedia complex, music education building and landscaping.
Time Frame Design 2009-2011, construction 2011-2013, opening April 2013.
Owner   Hochschule für Musik Karlsruhe (University of Music). Building by Vermögen und Bau Baden-Württemberg, Amt Karlsruhe.
Architect(s) Architekten.3P Feuerstein Rüdenauer & Partner (multimedia complex including opera/concert hall). Architekturbüro Ruser & Partner (music education building).
Seat Count   Opera use 450 seats (with orchestra pit and raked seating), seat count concert hall use up to
550 seats.
Music education building with 61 teaching and ensemble rooms.
Uses   Concerts, recitals, opera productions plus teaching functions. Equally used as multimedia room for
contemporary music, live electronics and acoustic installations.
Services   Acoustic consulting to user and client, definition of acoustic brief; development of optimization
proposals together with architects. Definition of user equipment and acoustic settings. Eckhard Kahle is
giving lectures as Professor at the University of Music Karlsruhe.
Team   Eckhard Kahle, Kahle Acoustics.
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Konserthus
Location Stavanger, Norway
KONSERTHUS INFORMATION SHEET
Location Stavanger, Norway.
Project Cost   Approximately 75 million €.
Time Frame   Architectural competition in 2003. International competition for acoustic consultants in
2007. Design 2007-2009. Construction 2009-2011. Opening September 2012.
Owner City of Stavanger and Nytt Konserthus i Stavanger IKS.
Architect(s)   Ratio Arkitekter AS, Oslo, Norway.
Theatre Planner(s) Torsten Nobling, AIX Arkitekter, Stockholm, Sweden.
Seat Count 1500-seat concert hall, mainly for classical and contemporary music; and 1200-seat multipurpose hall, mainly for amplified music. Total area 12 000 m².
Uses Symphony concerts (Stavanger Symphony Orchestra), recitals, contemporary music festival; various musical and theatrical uses for the multi-purpose room, for both standing and seated audience.
Services   Acoustic consulting services for the entire project, including collaboration on basic design.
Team Eckhard Kahle, Yann Jurkiewicz, Kahle Acoustics. In collaboration with Henrik Möller, Akukon Oy,
Helsinki (multi-purpose hall) and Tønnes Ognedal, Sinus AS, Stavanger (building acoustics, local supervision and coordination).
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Nouveau Siecle
Location Lille, France
NOUVEAU SIECLE INFORMATION SHEET
Location   Lille, France.
Project Cost 14 million €.
Time Frame Acoustic competition in 2004. Objective & subjective characterization of the existing situation in 2005. Improvement propositions in 2006-2008. Architectural competition in 2009. Studies for the
architectural project in 2010. Concert hall transformation 2011-2012. Reopening January 2013.
Owner   Nord-Pas-de-Calais Region.
Architect(s) Pierre Louis Carlier Architect, Lille.
Theatre Planner(s) Michel Marty, Scenarchie, Saint-Denis, France.
Seat Count   1800-seat concert hall. Total area 5 000 m².
Uses   Main concert hall for the Lille National Orchestra and invited orchestras; conferences.
Services   Acoustician to the owner and user, including full acoustic concept and detailed design for the
concert hall. Feasibility studies and specific improvements from 2005 to 2009. Definition of the acoustical program for the architectural competition in 2009. Supervision of design development, supervision of
construction until opening.
Team Eckhard Kahle, Yann Jurkiewicz, Nathalie Faillet, Kahle Acoustics.
Team Thomas Wulfrank, Project Manager, Eckhard Kahle, Kahle Acoustics.
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Musikinsel
Location Rheinau, Switzerland
MUSIKINSEL INFORMATION SHEET
Location   Rheinau, Switzerland. Listed building.
Project Cost   28 million CHF (approx. 23 million € HT).
Time Frame   Feasibility study 2011. Construction 2012-2013. Opening May 2014.
Owner   Canton of Zürich.
Architect(s)   Bembé Dellinger Architeckten BDA, Germany.
Artist   Beat Zoderer, Switzerland.
Acoustic Fabric Design Annette Douglas, Switzerland.
Seat Count 16 rehearsal rooms (from 15 to 125 m²), a 284 m² historical library, and a 245 m² music room.
A 63-room hotel to accomodate musicians (132 beds). Total of approximately 1 600 m² SHON.
Uses This national music centre will welcome both confirmed musicians and amateurs in a stimulating
spot open to traditions, creativity, innovation and concentration.
Services   Programme design to reach acoustic quality conditions. Fixed and moveable installations to
answer best the reverberation requirements per each single rehearsal room.
Team Eckhard Kahle, Johan Brulez, Kahle Acoustics.
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Industry Hall
Location Wrocław, Poland
INDUSTRY HALL INFORMATION SHEET
Location Volvo Construction Equipment. VOLVO GROUP, WROCAW
Services Acoustic consulting to user and client; vibroacoustic measurements of the machinery and noise
measurements at work stations and definition of acoustic brief; development of optimization proposals
together with engineers; acoustic adaptation in engine speed testing room.
Team Filip Barański, Bartosz Chmielewski KFB Polska.
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Example of the design of noise barriers
Location Wrocław, Poland

The design process of acoustic
screens is illustrated on the example
of the A8 motorway, passing through
Wrocław. The motorway passes
through the city in the close vicinity
of residential settlements and utilities.
Figure below shows the general diagram of the motorway route.
A numerical model of the area for the
given route was developed:
• calculation method: NMPB, RLS90
• program: CadnaA, Datakustic
• validation of the model: a comparison with the results of measurements
for the A4 motorway
The design process of acoustic
screens is illustrated on the example
of the A8 motorway, passing through
Wrocław. The motorway passes
through the city in the close vicinity
of residential settlements and utilities.
Figure below shows the general diagram of the motorway route.
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Figure 1 El Castillo, the great pyramid of Chichen Itza.

El Castillo - the ‘chirping’ pyramid
map:

EL CASTILLO - THE ‘CHIRPING

If you clap your hands while standing at the bottom of the steps of El Castillo, the great
pyramid of Chichen Itza, you will hear a sound similar to the sound of a Quetzal bird.
The reason that the echo of a handclap is being altered is because of the staircase
geometry. Reflections from the individual treads of the staircase comes to the listener
with different delays - combination of all those reflected sounds results in that the frequency of the echo drops [1].
It is still not known for sure whether the pyramid was constructed to deliberately give
the sound or is it an accidental phenomenon.

[1] Declercq et al.: Acoustic effects at Chichen-Itza, J. Acoust. Soc. Am., Vol. 116, No. 6, December 2004
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“Whispering Gallery“ of St Paul’s Cathedral
map:

“WHISPERING GALLERY” OF ST PAUL’S CATHEDRAL

The St Paul’s Cathedral is one of the most recognisable sights of London. The cathedral is known for its rich history, magnificent architecture and a gallery above the main
dome – the Whispering Gallery. The gallery owes its name to an interesting acoustical phenomenon that happens there – if you stand on one side of the circular gallery
and talk very quietly your speech will be heard quite clearly on the other side, some 30
m away. That happens because sound reflects on the hard-surfaced cylindrical wall.
An examplary path of sound is shown in figure 3. This specific kind of waves (called
whispering-gallery waves) was first discovered by Lord Rayleigh.
You can observe whispering-gallery waves in many other places where walls are made
of hard material and have cylindrical shape.
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Acoustic mirrors
map:

ACOUSTIC MIRRORS

Between the World Wars, before the invention of a radar, sound was the only signal of
the incoming enemy aircraft. Along south and northeast coasts of England there are
many big concrete concave structures - the acoustic mirrors. They were built to get
the better sound quality from a greater distance and, in result, to know about the approaching aircraft earlier. Acoustic mirrors use the effect of focusing the sound after its
reflection on a concave surface (figure 4). The largest structures allowed aircraft to be
detected 6.5 miles away, as well as determining the direction of attack to an accuracy
of 1.5 degrees.
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THE WORLD RECORD FOR THE “LONGEST ECHO”

112 s – that much it takes the sound of the gunshot to die away to silence inside one of
the oil storage tank located at Inchindown, near Invergordon, Scotland. The measurement was taken by Trevor Cox, Professor of Acoustic Engineering at the University of
Salford. The storage tank measured used to hold over 25.5 million litres of fuel and its
walls are 45 cm thick. The space is about twice the length of a football pitch, 9 m wide
and 13.5 metres high. Excavated out of solid rock between 1939 and 1941 the tunnels
were to provide a huge bomb-proof reserve supply of furnace oil for the warships of the
home fleet at Invergordon, a key Royal Navy anchorage.
Proffesor Cox took the measurement using the international standard ISO 3382-2 2009.
The reverberation time varies with the frequency from 112 s for 125 Hz to 8 s for 4 kHz.
The record is incorrectly called “the longest echo” although it concerns the longest
reverberation time.

The world record for the “longest echo”
map:
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Acoustic laboratories
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The Typical Mistakes
and Misunderstandings

Which room has a very good acoustics…?

Acousticians are often confronted with the question: „Which
room has a very good acoustics…?” This question is by default
wrong. In order to be able to decide if acoustic conditions in a
room are good or bad, we need to know its functionality. For example, the optimum distribution of absorption properties of surfaces in the room is different, depending on whether the room is
used for communication by speech, or for a music performance.
What is a good acoustic material?

„What is a good acoustic material?” is an ambiguous question
as well. For example, sound absorption is useful for shortening
the reverberation time and consequently increasing the speech
intelligibility. The use of reflecting materials can bring sound to
positions where sound level needs to be increased. Scattering
objects help to make a sound field more diffuse. Other types of
materials are used for sound insulation purposes.

Why do teachers increase their voice level and pitch in a noisy environment?

This is due to the Lombard reflex, described elsewhere in this
book.
Can we decrease the noise level by placing additional absorption?

- in a room with many “washing machines” or other similar devices ?
Absolutely
- in a shopping center, museum or exhibition hall ?
Yes. By placing sound absorption in a room, we will help to decrease the background noise. Doing so, people present in a
room will not need to increase their voice levels.
- in the disco ?
No. People can control the sound levels by means of amplification system, thus neutralizing the effect of the absorption.
- in a restaurant ?
Yes, but not only by absorption. The amount of people per m2
in the room, the height of the ceiling, the volume of the room,
the layout of the restaurant (e.g. in compartments) are all very
relevant to the acoustic quality.

Why does it not help to speak louder in a church to be better understood ?

In a church, low values of speech intelligibility are caused by
long reverberation time due to the large volume and the limited
surface absorption of hard reflecting materials. Increasing the
voice level helps in places with high noise levels, but in sacral
buildings the background noise is usually very low, not affecting the speech intelligibility. The masking degree of early nonenergetic speech phonemes by later energetic phonemes is the
same, regardless of the sound level. As a consequence, increasing the speech level does not help.
In places with long reverberation it does help to speak more
slowly, or to come closer to a speaking person – in order to increase the direct to reverberant sound energy ratio, which determines the speech intelligibility
In the past, in order to increase the speech intelligibility in a church
without microphone-loudspeaker system, the priest used to talk
from an elevated location, closer to the people, so that most of
the people would be close to or within the reverberation radius,
i.e. the area from the speaker where the direct sound is louder or
equally loud as the reverberant sound. Priests were also trained
to talk in reverberant circumstances.

1dB+1dB is not 2dB ?

The total intensity of two equally loud sounds of Lp=1 dB is twice
their individual intensity: Itotal=2I1. The doubling of intensity results in 1010log(2)=3dB increase of sound pressure level. Hence:
1dB & 1dB ⇔ 1+3=4dB
Similarly, two sounds of Lp=60 dB result in 60+3=63 dB together.

PARTNERSHIP
menu

The partnership consists of experienced teams from
organizations representing several European countries.
Each partner bring their own background, knowledge and
experience in the partnership, enabling the project to come
to a successful end as well as produce great products.

click on the logo to visit website

click on the logo to visit website

PARTNERSHIP

KFB provides expert knowledge in the field of architectural
acoustics, industrial acoustics, vibroacoustics and environmental acoustics for all clients operating in the following industries: architectural construction, machine-building, military, electrical, automotive and aviation. Owing to innovative
technical and technological solutions, research and development infrastructure and our know-how achieved on the European market KFB supports clients with designing and finding
optimal solutions in their products and processes. The team
members of R&D department of KFB Polska Sp. z o.o. have
significant achievements both in science and industry, oriented to implement innovative solutions. So far, combination
of individual merits and work experience have allowed to face
up to potentially unsolvable acoustic problems and to solve
them successfully. Currently, this accounts main service specialization.
More information can be found on the website:
http://www.kfb-polska.pl/
KFB contribution to the project:
• the founder and coordinator of the ArAc project.
• responsible for the management of the project, organization of the transnational meetings in cooperation with
partner institutions.
• acoustical consultations of a product at the stage of creating guidelines i.e. helping in preparation of the multibook concept on the basis of experience, concerning an
acoustic projects.
• coordination of all the works within the project.

Karolina
Jaruszewska
MSc.Eng. – a specialist in
acoustics; a graduate from
Faculty of Electronics The
Wrocław Technical University,
in the field of study: Electronics and Telecommunication , speciality: Acoustics. From the
very beginning of her studies she was involved in social and
scientific activities and represented students at Faculty Board
of Electronics; was a member and in 2008 a chairwoman of
Students’ Chapter of Audio Engineering Society; She participated in AES conventions in Amsterdam, Munich and Berlin.
In 2010 she was an intern at the university in Valencia within
LLP-Erasmus program, where she carried out research as a
member of an international team. The research at the Spanish university regarded sound absorbing periodic structures
on the basis of finite-element method. Since 2010 she has
been employed in KFB- Polska as a vibroacoustics specialist.
She has participated in many research projects and assignments for industry realized by KFB, i.a. cooperation with ABB,
3M, Volvo, Hamilton, GM Manufacturing, Faurecia and SCA.
She is a Certified Project Management Associate IPMA, Level
D. Main Project Manager of ArAc project.

Filip Barański
Doctor of Engineering – Chairman of the Board: a scientist
and academic, lecturer of
Ruhr University Bohum, the
co-author of series of lectures
awarded by students the best
lecturer of the year in the years 2004-2008, the author of several dozen of articles and scientific publications; received an
award and honour for his doctoral thesis, reviewed by Prof. J.
Scholten and Prof. W. Poppy. The manager of several dozen
of projects for German industry in the field of machine building, acoustics and vibration, scientific research, vibroacoustic
simulations and numerical computing. Since 2007 a Member
of Association of Münchener Kreis der Baumaschinentechnik. This association from Munich consociates technical directors of the biggest producers of construction machines
in the world. It includes representatives of the following concerns: Wirtgen GmbH, Bauer AG, TEREX GmbH, Liebherr
GmbH, Komatsu GmbH, AMMANN Group, Wacker Group.
His key qualifications are: organizational and managerial experience in leading and completing research and engineering
projects for industry ( building, computing, measurements
and prototype production); experience in transfer of research
results and their adaptation to industry ( methods and systems of measurement, machine and facility prototypes, software); experience in acoustics and machine vibrations.
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Kahle Acoustics provides acoustic consulting services for
every type of performing arts venues projects, such as concert halls, opera houses, theatres and auditoria. Kahle Acoustics is particularly attuned to the stringent requirements of
architectural design on the one hand, and the expectations
and sensibilities of musicians and artists on the other hand.
Kahle Acoustics’ approach is highly multi-disciplinary. Kahle
Acoustics, founded in 2001 by Eckhard Kahle, is located in
Brussels, Belgium and works in multiple languages — French,
English, Dutch and German — and on three continents — Europe, North America, and Asia. Kahle Acoustics frequently
collaborates with some of the world’s most prestigious architects, such as Renzo Piano, Jean Nouvel, Rafael Viñoly, Terry
Pawson, Paul Andreu and Rem Koolhaas.
More information can be found on the website: http://www.
kahle.be/
KAHLE Acoustics contribution to the project:
• acoustic consultations of a product at the stage of creating guidelines i.e. helping in preparation of the multibook
concept on the basis of experience, concerning an architect- acoustician cooperation. Identification and definition of elements that the applications should consist
of; as it would be interesting and useful from architects’
viewpoint.
• responsible for preparation of the content relevant to
practical acoustic-architectural issues and instructional
films which will show effects of architect-acoustician cooperation.

Eckhard Kahle
Born in Karlsruhe, Germany.
After obtaining a Vordiplom at
the University in Bonn, he continued his studies of physics
at Clare College, Cambridge
(England), receiving a Master
of Philosophy in physics for his work in modeling the microstructure of wood used by violinmakers when creating the
front plates of stringed instruments. Dr. Kahle completed his
physics degree at the University of Aachen. He then joined
the room acoustics group at IRCAM – Pierre Boulez’ institute
for research in music and acoustics – in Paris, working on
an objective model of the perception of acoustical quality in
concert halls, opera houses, and recital halls. This model was
validated in his doctoral thesis (1995), based on a series of
extensive objective acoustical measurements and subjective
listening tests in several European facilities for music performance. His thesis jury included some of the world’s most accomplished researchers in the field of room acoustics.
From 1995 to 2001, Eckhard Kahle worked as acoustic consultant at ARTEC in New York on the design of multiple international performing arts projects. In 2001 he founded Kahle
Acoustics in Brussels, and has since then completed many
critically acclaimed projects such as the Guthrie Theater in
Minneapolis and The Morgan Library in New York; USA. The
Curve in Leicester; UK. And also the Bordeaux Auditorium
along the Paris Philharmonie, both in France. Kahle Acoustics
projects featured in the Ar-Ac multibook and led by Eckhard
Kahle are : Studio 4 Flagey, Brussels, Belgium. Ensemblehaus
in Freiburg Germany, Stavanger Konserthus in Norway, Auditorium Nouveau Siècle in Lille, France, Rheinau Musikinsel in
Switzerland and CampusOne in Karlsruhe Germany.

Thomas Wulfrank
Born in Belgium in 1977. Studied Engineering at the University of Ghent, obtaining his
Master’s degree (burgerlijk
ingenieur) in July 2000 with
Great Distinction. His curriculum included a one-year guest program at the Department of
Acoustic Technology, Technical University of Denmark (DTU
Lyngby). His Master’s thesis dealt with auralisation techniques (ambisonics) and auditory virtual reality in the context
of architectural acoustics. During the academic year 20002001, Thomas Wulfrank undertook further studies at IRCAM
in Paris where he completed the multidisciplinary Master of
Science program “DEA ATIAM”, consisting of pre-doctoral
courses in acoustics and signal processing applicable to music, and a research project on auditory masking in Steve McAdams’ psycho-acoustics team.
From 2002 to 2005, Thomas was acoustic consultant at Arup
Acoustics in the UK, mainly working on concert hall and opera house projects. He joined Kahle Acoustics as an associate in 2006. Thomas’ technical specialist areas are acoustic
measurement and modelling techniques. He has a particular interest in the acoustics of curved surfaces and acoustic
optimization of architectural design. Kahle Acoustics project
featured in the Ar-Ac multibook and led by Thomas Wulfrank
is De Bijloke Muziekcentrum in Gent, Belgium.

Yann Jurkiewicz
Born in France in 1982. Studied at École Centrale engineering school in Paris and
obtained his diploma as Ingénieur des Arts et Manufactures in 2005. This education
enabled him to gain advanced
knowledge in all fields of engineering, in a spirit of synthesis
and creativity. During summer 2004, he did an internship in
architectural acoustics for the GRECO, a research laboratory
part of the École d’Architecture in Bordeaux. He then undertook a one-year specialization in École Centrale de Lyon, obtaining a Master’s degree in acoustics with highest distinction. His Master’s thesis is the result of a research project
carried out during his final year internship at Arup Acoustics
in New York and investigated perceptual and quantitative aspects of acoustic quality on stage, as perceived by orchestra
musicians. Yann joined Kahle Acoustics in 2006 and became
an associate in 2011. Kahle Acoustics projects featured in
the Ar-Ac multibook (where Yann Jurkiewicz is involved) are
Stavanger Konserthus in Norway and Auditorium Nouveau
Siècle in Lille France.
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The Laboratory for Acoustics is situated in the Department
of Physics and Astronomy of the Science Faculty of Katholieke Universiteit Leuven (Belgium). Besides physical acoustics, an important part of the research activities at ATF are
dedicated to room, building and environmental acoustics.
The expertise in the field of architectural acoustics is illustrated by articles on classroom, sport hall, open plan office and
concert hall design, universal design, soundscape, acoustic
comfort predictions, and by substantial amount of different
acoustical consultancy works. Recently, the research in the
laboratory was directed also towards psycho-acoustics and
acoustic perception, with generic extensions towards cognition and multi-sensorial perception, and impact of sound on
cognition and health.
The laboratory also has a long tradition of using optical techniques to excite (photoacoustics) and detect (scanning laser
Doppler vibrometry and full-field photorefractive and interferometric vibrometry) acoustic waves for investigating materials from mm to nm scale, such as diamond coatings on
silicon, fibers in porous materials, and carbon fiber reinforced
composite plates. Laser vibrometry is also used in the research group for visualizing and analyzing the vibrations of
structures, with the aim of non-destructive testing (by visualizing the linear or nonlinear interaction between acoustic
waves and defects, as well as building acoustics research.
Besides a long teaching experience in physical acoustics and
building and room acoustics, the staff involved make part of
different didactic teams teaching higher courses of acoustics
and EU training schools.
More information can be found on the website:
https://fys.kuleuven.be/atf
The Laboratory for Acoustics contribution to the project:
• acoustical consultations of a product at the stage of creating guidelines i.e. helping in preparation of the multibook concept on the basis of experience, concerning an
acoustic projects.
• responsible for preparation of the scientific content which
explains the nature of acoustic phenomena in an efficient
way.
• professional verification of materials in the aspect of scientific accuracy at the stage of realization of particular
chapters.

Monika
Rychtáriková
obtained her Ph.D. degree
in 2004 on the topic “Room
Acoustic prediction of Halls
for Music Performance,”
at the Slovak University of
Technology (STU), Bratislava,
Slovakia. After a postdoctoral stay at TU Delft in the Netherlands, she joined Laboratorium voor Akoestiek en Thermische
Fysica (ATF) at the Physics and Astronomy Department of
KU Leuven in 2005, where she has since then been active in
different fields in building physics in general and room acoustics, environmental and virtual acoustics in particular. In 2010
she defended her habilitation (“Room acoustical simulations
in multidisciplinary context”) and became an associate professor at the STU Bratislava, Slovakia. During the year 2012
she has worked at the Institut für Technische Akustik, RWTH
Aachen. Until now, she has been supervising 16 Master students and 10 Ph.D. students. She is a member of the editorial
board of two international journals, of several national (Slovakia, Belgium, Netherlands) and European (EAA) and International (ICA) acoustical societies, and of the board of the
Dutch Acoustical Society (NAG). Since 2011, she is the chair
of the European Technical committee for Room and Building
acoustics (TC-RBA). She has contributed to 3 monographies,
she is author of two book chapters, 2 course text books, 7
papers in peer reviewed international journals, 22 other scientific papers, and over 100 proceeding articles. She has given
more than 60 talks at conferences, of which 2 plenary and
30 invited. Monika Rychtáriková has been involved in over 40
acoustical consultancy projects on room acoustics, 4 windcomfort studies and 7 architectural projects.

Christ Glorieux
born July 12, 1965, in Kuurne,
Belgium, studied physics
at the Katholieke Universiteit Leuven (K.U. Leuven),
Belgium, and graduated in
1987 with a thesis on “Investigation of the structure of
amorphous silicon by electron spin resonance and electrical conductivity measurements.” He obtained his Ph.D. degree in 1994 on the topic “Depth profiling of inhomogeneous
materials and study of the critical behavior of gadolinium
by photoacoustic and related techniques,” in the Laboratorium voor Akoestiek en Thermische Fysica (since recently
renamed to Soft Matter Physics and Biophysics (BIOSOFT))
at the Physics and Astronomy Department of K.U. Leuven.
After working one year as an R&D engineer in an industrial
company he continued his research into thermo-elastic properties of soft condensed matter by photoacoustic and photothermal techniques in ATF, with a postdoctoral visit at the
Department of Chemistry of the Massachusetts Institute of
Technology, Cambridge, USA in 1999 and 2000. Now he is
associate Professor at KU Leuven, and is active in research
and teaching physics and sounds and waves, general physics, and experimental physics to undergraduate and graduate students. He is leading a research group of typically 5
to 10 young researchers in the field of photothermal applications and laser ultrasonics for the fundamental study of
the thermophysical properties of complex soft and heterogeneous matter, the development of measurement techniques
for characterization and depth profiling of thin (sub-micron)
layered structures, and non-destructive evaluation (see also
https://perswww.kuleuven.be/~u0005780/index.html). He
is also leading a research division with consulting activities
in physical acoustics, room acoustics, building acoustics and
environmental acoustics. In 2009, he organized the 15th International Conference on Photoacoustic and Photothermal
Phenomena (ICPPP15). In October 2014 he had 145 articles
published in international peer reviewed journals (h-index 24).
His current research activities are:
• Thermophysical properties of soft and heterogeneous
matter – glass transition and phase transition
• Experimental determination of thermal and elastic properties of very thin layers, multilayers and functional gradient
materials
• Study of thermo-elastic phenomena with very high temperature resolution (materials undergoing phase transitions)
and till very high frequencies and short time scales (supercooled liquids) by means of photoacoustic and photothermal
methods
• Experimental research and theoretical modeling of the interaction between ultrasonic waves and heterogeneities and
defects in materials by non-contact interferometric scanning
and full-field imaging techniques
• Experimental method development for non-destructive
testing of materials and structures
• Depth profiling of various physical parameters of functional gradient materials and solving inverse problems by neural
network recognition (photothermal, photoacoustic, ellipsometric, eddy current, x-ray diffraction spectra, binaural sound
source localization)
• Development of a self-accomodating electro-optic intraocular ‘bionic eye lens’
• Development of a high-resolution, high-sensitivity, high
accuracy adiabatic scanning calorimeter for the determination of the specific heat capacity and enthalpy of materials
• Scanning and full field laser vibrometry in applications of
non-destructive testing and acoustics of small (mm to submicron) and large (building) structures
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Wroclaw University of Technology (WUT) is one of the largest and the best technical universities in Poland. It educates
over thirty-three thousand students under the guidance of
more than 2 000 academic teachers. Strong position in the
research and in teaching places WUT among the top technical universities in Poland. The educational standards offered
at the academy are closely connected with our dynamic scientific work and industrial experience. Research and education are strongly influenced by international cooperation with
over 430 partner universities all over the world. WUT scope
of activity corresponds to the areas of knowledge related to
the twelve university faculties: Architecture, Civil Engineering,
Chemistry, Electronics, Electrical Engineering, Geoengineering, Mining and Geology, Environmental Engineering, Computer Science and Management, Mechanical and Power Engineering, Mechanical Engineering, Fundamental Problems of
Technology, Microsystem Electronics and Photonics.
More information can be found on the website:
http://www.wa.pwr.edu.pl/
WUT contribution to the project:
• architectural consultations of a product at the stage of
creating guidelines.
• identification of the target groups (architects) expectations concerning the content presented in the multibook.
The idea was to help in preparation of market analysis of
the target group in the aspect of demands that should
be met while teaching acoustics to make it attractive for
architects.
• testing of Multibook on a selected sample of professional
architects.

Joanna Jablonska
The graduate of Faculty
of Architecture Wroclaw
University of Technology
(WrUT); since 2009 PhD in
architecture and city planning, spec. architecture;
since 2010 tutor/researcher
at Faculty of Architecture of WrUT; as a part of didactical, scientific and organizational work she takes part in international
research projects, leads her own and intercollegiate research;
author of many publication and participant of international
and national conferences; since 2012 Representative of Dean
for Education in the English Language at the Faculty of Architecture at WrUT for term 2012–2016; since 2011 member of Commission for Architecture and Urban Planning / o.
Wroclaw of Polish Academy of Sciences; 2010/2011 Editor
in Chief of “world of architecture” magazine for architects
nationwide. Since 2003 professional practice and from 2010
member of Chamber of Polish Architects.

Romuald
Tarczewski
is a graduate of the Faculty
of Civil Engineering of the
Wroclaw University of Technology. He has experiences
in working and managing
human resources in the construction industry and design offices. For over twenty years he’s associated with the Faculty
of Architecture of this university, where he was also the Head
of the Structural Design Department. He collaborates with research centers in Europe, Japan, USA and Brazil. Member of
the American Mathematical Society (AMS), Society for Industrial and Applied Mathematics (SIAM), TensiNet Association
and the International Association for Shell and Spatial Structures (IASS), in which is a member of the Executive Council.
He is a member of the scientific committees of international
conferences in the field of structural engineering and architecture. He is the author of over eighty national and international publications, including the references cited in the SCI /
EX list. He combines the scientific work with design activity.
Author of many significant projects in the field of structural
design, as well as patent applications.
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gfai tech GmbH is an industry-oriented company specialized
in production, marketing and sales of advanced innovation
technologies. As the subsidiary of the “Society for the Promotion of Applied Computer Sciences” (GFaI e.V.) located in the
WISTA science and technology park in Berlin Adlershof, gfai
tech has access to research results in areas as diverse as signal processing, image processing, 3D data processing, robotics, adaptive modelling and many more. The company was
founded in 2006 to provide a platform for the commercialization of industry-relevant R&D findings of GFaI e.V. such as the
Acoustic Camera, TOP- Energy, FinalScan LR50, FinalSurface
and the like.
gfai tech’s location in Europe’s most modern technology park
on the traditional site for academic and non-academic research in Berlin allowed for the company to establish itself
as world market leader and innovator in the area of sound
source localization.
More information can be found on the website:
http://www.acousticcamera.com/

gfai tech GmbH contribution to the project:
• consultation concerning carrying out research and
acoustic measurements, applying innovative measuring
techniques: acoustic camera and 3D laser to scan interiors.
• responsible for preparation of the content relevant to
acoustic measurements and simulations.

Magdalena Böck
B.A., is International Sales and
Market Development Manager
at gfai tech GmbH, a 100% Subsidiary of GFaI e.V., responsible
for all international relations.
Accountable for the strategic
marketing, strategic partnerships, evaluation of market situation and development of the distributor network and sales
force for the Acoustic Camera she plans, organises and executes training, support and supervision of all international
partners and distributors. Having graduated in Export Management, with a specialisation in International Business and
Geopolitical Affairs, Magdalena Böck has been involved with
the Acoustic Camera since 03/ 2010. Resulting out of her
position and acoustic imaging measurement experience she
has acquired considerable knowledge in diverse fields and
applications ranging from aerospace and automotive industries to consumer electronic industries and biological field
measurements.

Benjamin Vonrhein
B.A., is National Sales and Market Development Manager and
Measurement Engineer at gfai
tech GmbH, a 100% Subsidiary
of GFaI e.V., responsible for National relations and Services.
Accountable for the strategic marketing, strategic partnerships, evaluation of market situation and measurements with
the Acoustic Camera, he works together with all different
kinds of industry and measures all different kinds of products,
machines, etc. . Having graduated in Sound Engineering, with
a specialisation and Bachelor thesis in room acoustics, Benjamin Vonrhein has been involved with the Acoustic Camera
since 08/2012. Resulting out of his education and acoustic
imaging measurement experience he has acquired considerable knowledge in diverse fields and applications ranging
from wind energy and automotive industries to consumer
electronic industries and measurements in power plants.
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MŁuczak provides acoustic consulting services in the field of
hearing care , design sound systems and architectural acoustics.
More information can be found on the website:
http://m-luczak.pl/

Marcin Łuczak
born in 1986 in Poland. He
studied electronics at the
University of Technology in
Wrocław where he received a
master’s degree in Acoustics,
Electronics Engineering and
Telecommunications Engineering in 2010. In 2011 he obtained
hearing aid specialist qualifications. A year after he started
his own business dedicated to hearing care, but he also does
acoustic consultations and designs sound systems. In addition to his technical education, Marcin writes music and plays
guitar in a few bands in which he also acts as a sound engineer. Apart from music, he is also interested in design thinking
and graphic design.
More information can be found on the website:
https://pl-pl.facebook.com/protetykasluchu

TEAMS INVOLVED IN THE PROJECT

MAG - a multidisciplinary team of creatives, thinkers and
makers who care about ideas, understand the consumers
and uses its craft to create meaningful relationships between
them in form of photography, design, websites and applications.
We’ve worked for such brands: DKMS, ING, mBank, Orange,
Pfizer, Play, Tchibo
More information can be found on the website:
www.magagency.com
MAG contribution to the project:
• design and developement of ArAc website,
• creative direction and design of ArAc Multibook.

Adam Muszyński
Adam is a co-founder and
Creative Director of MAG.
Adam is influenced by values of design thinking and
a photographer&designer
by training. His work was
exhibited in Berlin&Wroclaw
and awarded in Golden Arrow competition.

Martyna
GulbinowiczMuszyńska
Martyna is a co-founder
and Strategy Director of
MAG. She loves making
great relations between
brands and their customers
using variety of tools like websites, applications, photographs
or even inovative solutions like personalized video campaign
for Orange (1st such implementation in Poland). Always 100 %
committed to the project.

TEAMS INVOLVED IN THE PROJECT

Suqoon Project – young and creative graphical studio from
Krakow providing innovative solutions in the drawing graphics, animations, creation of multibooks as well as educational games. In the cooperation with the Suqoon Printing
Press&Publishing in Dubai owing the modern printer, Suqoon
Project provides comprehensive services.
More information can be found on the website:
http://www.suqoonproject.com/

Sabawoon
Dost
owner of the Suqoon Project company and chef of
the Anar foundation. Passionate photographer and
traveler. From the occupation – a civil engineer, graduate of the Krakow University of Technology.

Piotr Bigaj
A graduate of the Academy
of Fine Arts at the Faculty
of Graphic Arts. Specialization: design and advertising.
For many years associated
with the advertising industry. He has experience in
creating advertising campaigns, corporate identity, graphics
for websites, games and applications for iPhones and iPads.
He has worked for clients such as: Petronas Syntium, Knorr,
Allianz, Sheraton, Dallmayr, Canal +, Kempinski Hotel Al Hamra, Radisson, Heinz, Orlen, Aster and many others.

TEAMS INVOLVED IN THE PROJECT

FILMMAKERS

Lech Baranik
born 1983. Freelancer.
Studied Automatic Control
Engineering and Robotics,
Ethnology, Scientific Information and Photography.
Passionate about cooking
and computer science. Cooperates with the world of
film, television, photography and independent art. Directed
photography in music videos for polish and foreign bands and
projects (Dead Can Dance, Autechre...), commercials, documentaries and virtually any form of film. Collaborated with:
Adidas, TVP, TVN, CANAL+, Red Bull, Orlen, HP, Netia, PISF,
BZWBK, public institutions like theaters and museas.

Aleksander
Hordziej
born 1985. Freelancer. Photographer and filmmaker.
Directed photography in
music videos, ads, commercials,
documentaries
for: Motion Trio, Nowa Huta
Arts Festival, The Krakow
Choreographic Centre, ARTzone, Foundation for the Visual
Arts, Foundation for the Economy and Public Administration,
The Cracow Dance Theatre and many other. Finalist of national and international film competitions: Museum in Short,
48 Hours Film Project, Genero TV, The One Minutes. Co-author of the project Stylish Nowa Huta.
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PHOTOGRAPHER
More information can be found on the website:
http://rentonholmes.com/

Bartosz
Hołoszkiewicz
aka Renton Holmes – born
in Wrocław, Poland in ’88.
Graduate of Internation Photography Forum „Kwadrat”
in Wrocław and Wrocław’s
University of Technilogy
Electronics
department.
Mostly music, portrait and documentary.
Photos published in Poland by: Przekrój, Wprost, Polityka,
Gazeta Wyborcza, Gazeta Wrocławska, Dziennik Gazeta Prawna, Hiro, Laif, K-Mag, Machina. Photos published outside Poland by: WIRED Japan (Japan), The Gazette (Canada), HUCK
Magazine (UK), Graffiti Art Magazine (France).
Group exhibitions:
2009 – „Artists01//GNS”, CK Agora, Wrocław, Poland
2011 – „Mandala of Memory”, Diploma exhibition, Arsenal Museum, Wrocław, Poland
2013 – „ChicagoFootwork//Japan”, Zukunft Visionen exhibition, Gorlitz, Germany
Solo exhibitions:
2010 – „Musicians02//Wrocław”, Wrocław City Gallery,
Wrocław, Poland
2010/2011 – „Musicians02//Wrocław”, Wieża Wrocławska
Gallery, Oleśnica, Poland
2012 – „Musicians02//Wrocław”, Grodków, Poland
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Final Words
Thank you for reading our multibook, for more informations please visit
ArAc website at http://www.arac-multibook.com

This project has been funded with support from the European Commission under the Lifelong Learning Programme. This publication [communication] reflects the
views only of the author, and the Commission cannot be
held responsible for any use which may be made of the
information contained therein.
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