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Fig. 23.1 (previous page): Measurements taken at the Hunting Lodge Restaurant with the 
Microflown USP, the monopole is seen at the back. 

23.1 Introduction1 

Room acoustics, very simply put, is the study of the behaviour and 
perception sound in enclosures. Researchers in this field often focus on 
concert halls, theatres, and opera houses, where the building or room 
serves as a medium for the expression of an art with some sort of auditory 
component. In these spaces, the way in which the room shapes and 
modifies signals is critical to the perceived quality of the performance. 
Appropriate acoustical characteristics are also critical for something as 
ordinary as carrying out a conversation in a restaurant over dinner, having 
a business meeting, or delivering a lecture. 

Acousticians have developed a variety of methods to assess and treat 
rooms in order to shape the acoustic of the space so that it is appropriate 
for the purpose of the room. Nearly all of the corresponding measurement 
techniques make use of pressure microphones, so as a particle velocity 
transducer, the Microflown probe offers several new, unique approaches to 
solving various problems in room acoustics. 

The use of Microflown probes for room acoustics is explored and some of 
the relevant theory is presented in this chapter.  An overview of some basic 
concepts and methods in room acoustics is also presented. 

                                       

1 This chapter is based preliminary work of Jonathan Botts towards a Ph.D. in 

room acoustics and [31] 
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Decay Time and Energetic Parameters 

As the field started to develop, a popular subject of study was defining 
single parameters to characterize the behaviour of sound in a space. Such 
parameters describe the rate at which sound energy decays in the room, 
the amount of lateral energy that arrives at a given listening position, the 
amount of energy that is reflected or absorbed at a wall, the amount of 
energy transmitted through a structure, and many more. 

In room acoustics, most of these parameters are derived from the room 
impulse response (RIR). [1, 2]  The room is often assumed to be a linear 
time-invariant system, so if it is excited impulsively, the resulting measured 
signal contains information about how the room will alter a given input 
signal. Typically, the signal used to excite the room is a pressure pulse, 
since the most commonly known and easily measured sound field 
component is sound pressure. 

Many parameters are related to the rate at which sound decays in a 
room, and usually, the physical quantity measured in a room is sound 
pressure.  Sound pressure can then be converted to sound pressure level 
(SPL), which is a unit-less quantity that compares the measured pressure to 
a reference pressure, p0=20µPa.  Sound pressure level is typically defined 
as  

10 020log /SPL p p=  (23.1) 

The reference pressure is chosen to be roughly the threshold of human 
hearing at 1 kHz, though this varies from person to person. Sound pressure 
level is reported in decibels, notated dB. Thus, from Equation (23.1), 0dB 
approximately corresponds to the threshold of human hearing (at 1kHz). 
See also chapter 2: ‘Sound and Vibration’. 

Sound pressure in a room decays exponentially, and the logarithm of the 
pressure decays linearly. The assumption of linear decay is common to 
many topics in room acoustics. 

The most common and widely-known parameter is decay time, or 
reverberation time.  In room acoustics, this is defined as the time it takes 
for the acoustic energy in a room to decay 60dB (-5dB to -65dB). The 
choice of 60dB is purely historical, though it is the standard. Often a signal 
to noise ratio of 65-70dB cannot be achieved, so the time it takes for the 
sound to decay 30dB (-5dB to -35dB) is calculated and used to extrapolate 
the time it would take for the energy to decay 60dB. This can also be done 
for 20dB or 10dB, and these times are reported as T30, T20, and T10 
respectively. The extrapolated decay time using 0dB to -10dB is called early 
decay time, or EDT. [1, 2] 

Sometimes, reverberation time (RT or T60) is used to say something 
about the acoustic character of the room. Usually, shorter reverberation 
times, around or under 1 second, correspond to rooms that are better for 
speech, while slightly longer reverberation times, around 1.8 – 2.2 seconds 
correspond to rooms that are better for symphonic music. It is somewhat 
unreasonable to characterize or judge a hall solely on reverberation time, 
however, as the perceptual impression of the hall is only loosely based on 
the total decay time.  Usually, other parameters like EDT or Lateral Fraction 
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or more influential.  [3, 4]  Appropriate reverberation time is a necessary 
but not sufficient condition for the acoustic of a space to be suitable for its 
purpose. 

The actual calculation of reverberation time, in its simplest form, involves 
fitting a line, either by hand or by a least squares method, to the linearly 
decaying plot of squared pressure (on a logarithmic scale) versus time, 
which is derived from the RIR. Then, T60 is either observed or extrapolated. 

Schroeder proposed a more reliable method for the calculation of decay 
time which involves integrating the measured impulse response. This 
method is equivalent to the average of infinitely many impulse responses 
measured in a room, excited by bandpass-filtered white noise. [5] 

The ensemble average of squared impulse responses is given by: 

02 2( ) ( )
t

s t N h t dτ τ
−∞

< >= −∫  (23.2) 

where N is the noise power per bandwidth, and h(t), is the measured 
room impulse response. Fig. 23.2 shows both the squared impulse response 
and the Schroeder decay curve.  

 

Fig. 23.2: Comparison of two decay curves: the squared impulse response and the 
Schroeder backward integration curve. 

The Schroeder curve is much more reliable to fit a line to, as it is nearly 
already linear. The squared impulse response shows the general linear trend 
but is very noisy. The effect of taking an infinite number of averages results 
in more reliable measurements and lessens the need to take multiple 
averages.[5] Often with room acoustic measurements, limited time is an 
impediment, so reducing the need for many averages via simple integration 
is an invaluable tool.   

The Schroeder curve also offers other information, like the arrival of the 
direct sound component. The curve starts to drop below 1, or 0dB, with the 
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arrival of the direct sound. Using this method, a more reliable measure of 
the time sample corresponding to the direct sound arrival is possible. 

Other parameters related to reverberation time, also derived from the 
impulse response, include Clarity (C50, C80), Deutlichkeit (D50), and Center 
Time (Ts). These parameters are essentially energy ratios describing how 
much of the energy in the impulse response comes early and how much 
comes late. Clarity is defined by: 
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This is the ratio of energy in the impulse response before t0 to the energy 
after t0. The most common time limits used are 50 ms and 80 ms, hence 
the symbols C50 and C80. These times were chosen based on early 
perceptual research dealing with the echo threshold. [6] 

Deutlichkeit has a similar definition relating early energy to total energy. 
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The time limit for Deutlichkeit is nearly always 50ms. Center time is 
slightly different and essentially gives the “center of gravity” of the impulse 
response. It is calculated by: 

0 2

0

2

0

( )

( )

t

s

t p t dt
T

p t dt
∞

=
∫

∫
 (23.5) 

These parameters are used most often to quantify speech intelligibility, 
based on the assumption that if more energy arrives early, before it is 
perceived as an echo, then it will contribute to a stronger, uncontaminated 
signal, thus making it more intelligible. Higher values of Clarity or 
Deutlichkeit therefore correspond to a more intelligible signal. 

Center time is slightly different in that a lower value corresponds to more 
intelligibility. Its units are time, so earlier or shorter center times 
correspond to more early energy, which has thus been argued to 
correspond to greater speech intelligibility.  The reader is directed toward 
References [7, 8, 9, 10] for explanations of more sophisticated speech 
intelligibility parameters that account for other important factors like 
background noise. 

Other Parameters 

Some important parameters, not derived from a room impulse response, 
include reflection and absorption coefficients. For most applications in room 
acoustics, the reflection coefficient relates the amount of energy in a wave 
reflected from a surface to that of the wave incident upon the surface. The 
absorption coefficient is usually the complement of this value, the energy 
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not reflected. In general, however, these coefficients can be the complex 
amplitude of the reflected wave relative to the incident wave, but most 
applications like computer modelling only consider a frequency-dependent, 
energetic ratio. These coefficients are often used to broadly characterize the 
surfaces in a room for simplified calculations. 

There are several parameters used to quantify the amount of lateral 
energy a listener receives, derived from a directional RIR. These parameters 
include Lateral Fraction (LF, LFC) and Binaural Quality Index (BQI).  These 
are generally measured with directional microphones, dummy heads, or 
with small pressure microphones in a human ear canal.  A p-u probe can 
also be used, as it is inherently a directional transducer.  Similar, or even 
new, lateral energy metrics could be developed for measurements with such 
a sensor. 

Attempts have also been made to quantify the degree to which a sound 
field in a room is diffuse, or mixed. Many of these attempts use directional 
microphones to gauge the directional uniformity of the sound field. The 
most common measurement setups are either microphones with a figure-of-
eight response or spherical beamforming arrays.  So far there have been no 
standardized measurements to quantify diffusion. Another recent method 
uses a statistical analysis of the pressure-time signal, from a standard 
pressure microphone, and quantifies the diffuseness of the sound field in 
the room based on the self-similarity of the impulse response. [11] 

Room Acoustic Measurements 

Typically, room acoustic measurements are used to obtain the impulse 
response of the room. As discussed above, many of the parameters that 
have been argued to correlate with perception are derived from the impulse 
response of the system. There are several techniques commonly used to 
measure the impulse response of the room, and most are described 
References [1] and [2]. 

The basic approach is to excite the room with a signal, usually a 
loudspeaker, and to record the signal with one or several microphones. 
Common signals are logarithmic sine sweeps or pseudo-random maximum 
length sequences (MLS). [12, 13] As these signals are deterministic, the 
input signal is deconvolved from the measured signal, ideally leaving only 
the impulse response of the room. In practice, this impulse response 
includes the response of the loudspeaker and microphone. This response is 
sometimes neglected, although, it can also be deconvolved out, leaving a 
much cleaner impulse response. 

A slightly more crude method to obtain an impulse response is to use an 
impulsive source to excite the room. This can be a starter pistol shot, a 
balloon pop, or even a hand clap. The main problems with these methods 
are that the source is neither reliable nor reproducible. The frequency 
content often varies from measurement to measurement along with the 
directionality of the source. The other issue is that in order to produce 
enough energy in an impulse to achieve a sufficient signal to noise ratio, the 
source must be very loud. When combined with limited frequency content, 
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the levels required to achieve even minimal signal to noise ratio in all bands 
can damage human hearing. [14] 

Each impulsive source has its own drawbacks. A pistol shot has more 
consistent frequency content, though very little low frequency content. It is 
also a very directional source, which can cause inconsistency between 
measurements. The primary drawback of a balloon pop is its unpredictable 
nature. It is impossible to predict the directionality, let alone to repeat it. 
The frequency range and signal level are also dependent on the size of the 
balloon. A hand clap is even less desirable, as it is often not strong enough 
to excite an entire room. It also has an unpredictable directivity pattern and 
frequency content. [14] 

For large rooms, the preferred method of impulse response 
measurements is a swept-sine. Like MLS, it has a well-defined frequency 
range; however, it can produce much more power per frequency than MLS. 
[12] 

Typically, an omni-directional loudspeaker is used to produce the signal, 
in a hall or theatre, generally on the stage. Either an omnidirectional or 
figure-of-eight microphone then measures the signal from the audience 
area. Many combinations of source and receiver positions are used, as the 
properties of the sound field often vary with position. Sometimes, averages 
over position are used so that the space can be generally described with a 
single number.  The results should also be reported in octave bands or 1/3 
octave bands, as properties of the room typically depend on frequency.     

Traditionally, measurement receivers have been limited to standard 
pressure microphones, though several pressure microphones, arrays of 
microphones, or microphones placed in an artificial ear canal are used for 
more sophisticated measurements.  In-ear microphones and dummy heads 
are used to measure the sound field as a human would hear it, meaning the 
head-related transfer function (HRTF), or some approximate HRTF, is 
included in the impulse response.  This type of measurement allows for 
more accurate auralizations and sound quality assessments as well as the 
calculation of the inter-aural cross-correlation coefficient (IACC), which 
gives some indication about the spatial impression of a space. 

23.2 Intensity Probes for Room Acoustics 

The Microflown probe is a fundamentally different transducer, which 
directly measures the particle velocity. The mechanism is different from that 
of a pressure gradient intensity probe, and the two types of probes each 
have their own advantages and shortcomings. The pressure-pressure (p-p) 
probe breaks down when the pressure-intensity index becomes sufficiently 
high, while a Microflown probe (p-u) breaks down in highly reactive fields. 
[15] See also Chapter 5: ‘Intensity’.  In room acoustics, though, the 
receiver is generally in the far field, so highly reactive fields are not present. 
The pressure-intensity index, however, can be fairly high in a room. The 
limiting case in room acoustics is a perfectly diffuse sound field, where the 
time-averaged intensity goes to zero, while the pressure at that point 
remains at some constant value. 
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In-Situ Impedance Measurement 

One application is the in-situ impedance measurement. Since the probe 
measures pressure and particle velocity, the impedance, or ratio between 
pressure and particle velocity, can be calculated directly.  This method 
requires neither a tube, a large sample to place in the tube, nor a 
reverberation chamber. The measurement can essentially be done 
anywhere, which gives acousticians another degree of flexibility when 
building, designing, or renovating halls. The entire apparatus utilizes only 
one intensity probe and can be hand-held.  Complete description of the in-
situ impedance measurement can be found in Chapter 6 of this E-book. 

Often halls or other spaces are modelled numerically before they are 
built, and the impedance, or at least absorptive, properties of the room 
must be known for a reasonable prediction. If the hall exists, there is no 
other way to obtain knowledge of the properties of the existing surfaces. If 
these surfaces can be easily and accurately measured and characterized, 
more accurate and effective diagnoses can be made. 

In-situ measurements in concert halls (from [31]) 

Measurements where taken in the Musis Sacrum concert hall in Arnhem 
and in a concert hall of the Music Academy in Budapest. It was possible to 
measure several wall panels, seats and some floor sections. The probe 
should be placed near to the sample with the spherical sound source at a 
close distance. The setup can be held by hand or supported by a stand as is 
shown in Fig. 23.3, right. During some of the measurement the setup is 
scanned by hand along the surface to measure the average impedance of a 
larger area. 

  

Fig. 23.3: Left: measurement of the absorption of a wall decoration in Arnhem. Right: the 
setup positioned near the back part of a seat in the Music Academy in Budapest. 

The reflection coefficient is studied here instead of the absorption, 
because there is no fully reflective plate behind many objects under test. 
The sound can go partially through the material as well, and it is therefore 
difficult to determine the actual absorption by the material itself. The results 
of some wall panels and floors in Arnhem and some seat measurements in 
Budapest are shown, see Fig. 23.4. 
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Fig. 23.4: Results from measurement in the concert hall in Arnhem (left) and in the in 
Budapest (right). 

Three-Dimensional Room Impulse Response 

Another possible application of the Microflown probe is a 3-dimensional 
impulse response measurement. Meyer sound has developed and makes 
use of a version of this novel application. [16] The Microflown USP 
simultaneously measures pressure and three Cartesian components of 
particle velocity at a point, so in the early part of the impulse response, 
discrete reflections can be isolated and their image sources located. This 
could be useful for locating parts of a room that cause acoustical defects. 
For example, there may be a place where elements could be placed to 
minimize a particular problematic reflection. The early part of the impulse 
response with distinct specular reflections is very important perceptually for 
speech intelligibility [17, 18], so measurements with a 3-D vector sensor 
can enable a new level of control in the acoustic quality of a space. 

 

Fig. 23.5: A 3D impulse response measurement in Budapest. 
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Fig. 23.6: Example of a 3D impulse response and the direction derived (from [31]). 

Energy Density Measurement 

Since it can measure particle velocity, the Microflown probe allows for the 
calculation of the energy density at a point. Traditional microphones only 
measure the potential energy field, which is proportional to the square of 
pressure. Energy density is the sum of both potential and kinetic energy. It 
is thus proportional to the sum of the squares of pressure and particle 
velocity. 

Energy density has been shown in the literature to be more spatially 
uniform and offer several other advantages. =[19]=[19] It is a more 
reliable quantity to use for reverberation time and other parametric 
calculations.  

Using energy density leads to fewer measurements to accurately describe 
a room. [19]  Since the Microflown sensor has all four transducers (pressure 
and three components of particle velocity) integrated, the complexity of the 
measurement is also not increased from that of a standard pressure 
microphone. 

Typically in low frequencies, the signal to noise ratio is also increased, 
making the measurements again even more valuable in that they can cover 
a broader range with the same equipment.  Thus, a p-u probe can be used 
to increase the quality, while maintaining the simplicity, of standard room 
acoustic measurements. 

Diffuseness Quantification 

The Microflown probe can also be used to estimate the diffuseness of a 
sound field at a point. This has been a topic of research throughout the 
history of room acoustics, from Thiele [6] to the present. Many attempts 
have essentially involved characterizing the spatial uniformity of the sound 
field by finding the correlation or coherence between different directional 
impulse responses or impulse responses from different places in a room.  
[6, 20, 21, 22, 23] More recently, Loutridis has proposed a statistical 
method which quantifies the self-similarity of a measured room impulse 
response. The hypothesis is that a more self-similar signal corresponds to a 
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less diffuse sound field. This method is reported to only require a few 
measurement positions to completely characterize a room. [11] 

The diffuseness of a sound field can alternatively be determined from two 
quantities that only a p-u probe can reliably measure in a room. The ratio of 
the energy density to the magnitude of the time-averaged intensity vector 
is proportional to the diffuseness of the sound field at that point.  In a 
diffuse field the direction of propagation of waves incident upon a receiver is 
equally probable from all directions, and since intensity is a vector quantity, 
it averages to zero.  

As intensity goes to zero, this ratio increases.  If the intensity and energy 
density signals are windowed, this quantity can be calculated in each time 
segment, and the diffuseness can be expressed as a function of time. 

The evolution of the diffuseness at a point through time can likely provide 
information about the hall.  Important aspects of these types of curves are 
the rate of increase of diffusion, the maximum level of diffusion, and any 
other anomalous decays or increases. Based on several pilot studies, 
measurements in the same room yield diffusion profiles of the same general 
shape. 

Another potentially useful form of this measurement is directional 
diffuseness. If the energy density – intensity ratio is examined in each of 
the coordinate directions, some information about the diffuseness in each 
direction can be obtained.  This type of measurement could also provide 
useful information in rooms with extreme aspect ratios or inhomogeneous 
distributions of absorptive or diffusive surfaces. 

This method has been attempted with p-p probes, but since they break 
down when the pressure-intensity index is high, they cannot accurately 
measure a diffuse sound field, which can occur in rooms.  In this case, the 
probe is essentially measuring the parameter which quantifies how incorrect 
the measurement is.  

A p-u probe has no such issues, as its weakness is reactive fields, and 
generally in room acoustics, the fields are not measured in places where 
they are highly reactive.  Therefore, to measure the diffuseness of a sound 
field accurately, a p-u probe must be used. 

Critical Radius 

The Microflown probe also offers promise for the direct measurement of 
the critical radius of a room, at which the amount of direct energy from a 
source is equal to the energy in the steady state reverberant field. This 
distance is important for loudspeaker array design and potentially for the 
assessment of speech intelligibility problems. Until now, there are no 
methods to directly measure this radius; it is merely estimated. Often it is 
described using calculated values of C50, which is a very simple parameter 
used to describe speech intelligibility. 

Comparison of intensity and energy density with distance from a source 
can also indicate the location of this distance. In a diffuse field, steady state 
field, the energy density will be uniform, and most importantly constant 
with distance from the source. The intensity will decrease quadratically with 
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distance. The intensity is essentially the direct signal, while the energy 
density is proportional to the reverberant energy. So, finding the point 
where the measured intensity is equal to the energy density should 
correspond to the critical radius.  This method has yet to be verified by 
experiment. 

Sound Field Mapping 

The Microflown intensity probe has been used to visualize the sound field 
in several locations including a loudspeaker driver, a driven plate, and the 
sound field around a theatre seat, among other things. The main advantage 
of the p-u probe in this case is its size. The arrays that comprise p-p probes 
are generally very bulky and unable to scan with a very fine resolution. The 
p-u probes are very compact and can provide a resolution on the order of 
several millimetres. The measurements taken around a theatre seat can 
provide insight into the flow of sound around the seat, however, it may be 
more interesting to study the seat in-situ, possibly providing insight into 
phenomena like the seat-dip effect. 

Measurement of Lateral Energy 

Since it has a figure-of-eight directionality, the Microflown probe can also 
be used to measure lateral energy parameters such as LF or LFC. These are 
nothing more than the ratio of lateral energy (weighted by the cosine of the 
angle of incidence) to the total energy. The particle velocity transducer in  a 
Microflown probe has a figure-of-eight directivity, which is proportional to 
the cosine of the angle of incidence, thus it can be used to measure these 
lateral energy parameters, possibly even more accurately by using the 
energy density as described above. 

 

Fig. 23.7: Investigation of the 3D USP probe that is used for the investigation of 3D impulse 
response in Budapest. 



Room acoustics 

 23-13 

23.3 Measurement Results 

Energy Density Measurements 

Though results for the use of energy density have already been 
published, simple experiments were conducted with the Microflown USP to 
show that indeed the measurements are more reliable, produce similar 
results when compared with traditional methods, and to show that they can 
be done with the new Microflown probe. The measurements were carried 
out in a 1,375 m3 gym, shown in Fig. 23.10.  Standard impulse response 
measurements were taken using sine sweeps and 10 averages per 
measurement. 

Then, using Schroeder's backward integration, decay times and other 
parameters are extracted. Fig. 23.8 shows the difference between 
Schroeder decay curves for a pressure signal and for an energy density 
signal in two low-frequency third octave bands. These particular decay 
curves show the advantage of extending the lower frequency range when 
using energy density instead of potential energy.  Not only is the noise floor 
slightly lower, but some of the strange modal behaviour that is seen in the 
curve from potential energy is minimized.  The result is a much more linear 
decay, even in a region where individual modes dominate 

 

Fig. 23.8: Schroeder decay curves for the 80 Hz (left) and 120 Hz (right) 1/3-octave 
bands.  Energy density and potential energy were calculated from one measurement with 
one probe. 

In higher frequencies, the advantage of the energy density is slightly 
lessened. Fig. 23.9 shows two characteristic mid to high-frequency decay 
curves.  The influence of individual modes is almost negligible at these 
frequencies, but the energy density curve still shows more uniformity and 
resistance to modal influence.  The signal to noise ratio for these 
measurements is also slightly less, though not more than 5 dB less in the 
usable range of the decay. 

It is difficult to make gross statements about the resistance to noise for a 
pressure microphone compared to the Microflown, as it varies from 
measurement to measurement and from transducer to transducer.  
However, in these measurements, the energy density tended to perform 
better in low frequencies, while the potential energy performed slightly 
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better at high frequencies.  Fig. 23.8 and Fig. 23.9 are characteristic of this 
trend given the measurements taken thus far. 

 

Fig. 23.9: Schroeder decay curves for the 630 Hz (left) and 1 kHz (right) 1/3-octave 
bands.  Energy density and potential energy were calculated from one measurement with 
one probe. 

There is a clear advantage to using the entire energy density for 
standard room acoustic measurements and calculations. It results in a 
smoother decay curve, less modal influence, and thus more spatial 
uniformity. The use of a Microflown probe also does not significantly 
complicate the measurement or the calculations. An array of pressure 
probes may be bulky and require some extra post processing to arrive at 
the same information. If anything, the Microflown probe is smaller than a 
traditional microphone, and the setup is nearly identical. Thus, since the 
quality of the information is better and no more difficult to obtain, room 
acousticians and researchers should consider using such an intensity probe 
instead of a pressure microphone for room acoustic measurements. 

Three-Dimensional Impulse Response 

Controlled measurements were taken to validate the principle of isolating 
and locating image sources from reflections in an impulse response. A 
“room” with acoustically flat, reflecting walls was constructed in a gym, 
shown in Fig. 23.10. Impulse response measurements were taken using a 
swept sine signal and a Microflown USP. The time-averaged intensity was 
calculated by averaging the instantaneous intensity over time windows 
encompassing individual reflections. Depending on the frequency range of 
interest, these reflection windows lasted between 0.5ms–3ms. No specific 
window was chosen for all reflections; the window length was chosen to suit 
each individual reflection. 
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Fig. 23.10: Photograph of the experimental setup for the 3-D impulse response 
measurements. Nearly all walls near the source and receiver are acoustically hard and flat 
in order to produce specular reflections that can be isolated and located. 

The calculated intensity vector then points toward the image source of 
the reflection that was windowed. Fig. 23.11 shows an example intensity 
impulse response, the window used, and the predicted and measured 
direction of the image source. 

Fig. 23.13 shows schematic diagrams of the setup along with all of the 
zeroth, first, and second order image source reflections. 

 

Fig. 23.11: Example 3-D intensity impulse response.  The time window used for averaging 
for one reflection is highlighted in blue.  The corresponding intensity vector is indicated by 
an arrow. This signal is the direct sound for position 1, shown in Fig. 23.12. 

Many of these reflections were located using the described method. Table 
1 gives the exact direction and delay of all of these image source reflections 
in both theory and measurement. Though, several measurements were 
taken for each configuration, only data from a representative measurement 
from each position is reported. Other measurement results are similar. 

 



Room acoustics 

 23-16 

 

Fig. 23.12: Image sources for measurement position 1-D of the 3-D impulse response 
measurements. 

Table 1. Exact predicted and measured arrival times and directions of the first 7 image 
source reflections at Position 1 

Reflection 
Delay 

(Predicted) 
Lateral Angle 
(Predicted) 

Delay 
(Measurement) 

Lateral Angle 
(Measurement) 

Direct Sound 0 ms -7° 0 ms -15° 

IS 1 2.9 ms 29° 2.9 ms 40° 

IS 2 5.9 ms -38° 5.9 ms -37° 

IS 3 12.3 ms 51° 13.8 ms 60° 

IS 4 16.6 ms -56° 16.9 ms * -50° * 

IS 5 20.7 ms -176° 20.6 ms * 178° * 

IS 6 22.2 ms 164° 21.7 ms 153° 

IS 7 24 ms -158° NA** NA** 

Table 2. Exact predicted and measured arrival times and directions of the first 7 image 
source reflections at Position 2 

Reflection Delay (Predicted) 
Lateral Angle 
(Predicted) 

Delay (Measurement) 
Lateral Angle 
(Measurement, 
Normalized) 

Direct Sound 0 ms -14° 0 ms -20° 

IS 1 4.5 ms 46° 5 ms 67° 

IS 2 9.1 ms -57° 9.7 ms -53° 

IS 3 10.3 ms 59° NA** NA** 

IS 4 15.5 ms -65° 15.5 ms -55° 

IS 5 41.6 ms -176° 42 ms -175° 

IS 6 42.7 ms -167° 42 ms -175° 

IS 7 44.3 ms 162° NA** NA** 

* There may have been overlapping reflections in these signals, so these results may not 

be accurate. 

** Reflection could not be isolated. 
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Fig. 23.13 is presented for a visual representation of the angular 
accuracy of this method.  Predicted image sources are plotted in blue, while 
measured image sources are plotted in green. These source and receiver 
positions were chosen such that the delay and angle of arrival for the first 
and second order specular reflections could be resolved. In each case, 5-7 
early reflections could be resolved. Many more could also be resolved, but 
they could not be accounted for with the simplified, low-order image source 
model. In this experiment, these early reflections accounted for nearly all of 
the first 40ms – 50ms of the impulse response, which is perceptually the 
most critical.  

Much after this, nearly all of the reflections overlap, and the sound field 
starts to become more diffuse. At this point, the direction of the intensity, 
especially the instantaneous intensity, carries much less meaning. It can be 
used, however, to visualize gross energy flow in a space over the duration 
of the impulse response.  [24, 25, 26, 27]  

In room acoustics, this becomes particularly interesting if used to 
investigate systems of coupled volumes, where the interesting phenomena 
to be understood involve the exchange of energy between two rooms.  A p-
u probe could enable useful measurements to validate numerical predictions 
regarding these systems, as numerical models have predicted phenomena 
that cannot be measured with a pressure microphone. [25, 28, 29] 

 

Fig. 23.13: Predicted and measured direction of image sources, calculated from a 3-D 
impulse response. 

Diffuseness Quantification 

In order to test the effectiveness of the energy density-intensity index to 
quantify diffuseness, measurements were taken in a variety of situations. 
Measurements were again standard swept-sine room impulse response 
measurements. They were taken in the gym shown in Fig. 23.10 (1375 m3) 
as well as a small office (51 m3). Another set of measurements was taken in 
a long hallway to investigate the possibility of directional diffusion.  
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Some preliminary results are reported below, but this is a new topic that 
requires some further development. The energy density-intensity (E-I) 
index is plotted as a function of time for each of the coordinate directions of 
the probe. The data is binned and then fitted with a polynomial in order to 
more easily see the trend. The raw pressure signal is also shown to indicate 
the location of the direct sound as well as the length of the decay. Future 
investigations may consider integrating this data, similar to the Schroeder 
method for impulse responses, as the decay or buildup of these curves 
could contain information about how a room mixes or diffuses a sound field 
in time.  

The directional E-I index is slightly more revealing, as the total E-I index 
removes some of the finer details, such as the direct sound.   Fig. 23.14 is a 
good example of how the total E-I index averages out potentially interesting 
features. In the y and z coordinate directions, the direct sound is clearly 
seen as a negative spike, or drop in diffuseness.  The total E-I index shows 
no indication of the arrival of the direct sound.   

The dip in intensity with the arrival of the direct sound occurs because a 
plane wave, or isolated wavefront, will produce the minimum E-I index, as 
the intensity will be at a maximum.  It increases as reflections overlap, and 
the sound field becomes more diffuse.  The increase in diffuseness, and 
consequently the E-I index, is very rapid; it reaches a steady state value 
almost immediately after the direct sound for two of the coordinate 
directions, while it increases slightly in the vertical direction as the decay 
approaches the noise floor.  The evolution of the total E-I index through 
time appears to be a gradual increase after a very quick buildup to an 
approximate steady state level.  

Other rooms exhibit very similar patterns, though each has its unique 
profile.   

 

Fig. 23.15: E-I index vs. time for measurements in the gym. The total E-I index response 
(right) is presented to show the loss of detail from the directional E-I functions. 
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Fig. 23.16: E-I index vs. time for measurements in a long hallway.  The y-direction is 
down the length of the hall, the x-direction is the horizontal direction perpendicular to the 
hall, and the z-direction is vertical. 

 

Fig. 23.17: E-I index vs. time for measurements in a small room.  The overall level of 
diffuseness is notably higher than in the other spaces discussed. 

Responses from a long hallway (Fig. 23.15) and a small room (Fig. 
23.16) are presented to show some contrasting features.  

The hallway has one long dimension, y, and two short dimensions, x and 
z. The directional E-I response of the hallway shows this disparity.  The x 
and z responses are nearly identical, quickly reaching a higher level of 
diffusion, while the response in the y-direction maintains a roughly 
constant, and lower, level of diffusion.  

The response of the smaller room (Fig. 23.17) appears similar to the 
gym, though the overall level is higher. Compared to the gym, the overall 
E-I index is roughly 10 db higher. This can be attributed to the smaller size 
of the room, more hard reflecting surfaces, and a greater proportion of 
diffusing surfaces. The measurements were taken in a configuration where 
all of the tables in the room were inverted. (See Fig. 23.18). Since the 
measurements were restricted to high frequencies, the table legs serve as 
diffusers. 
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Fig. 23.18: Photos of the small room described in the diffusion quantification 
measurements. The inverted tables serve as a source of high frequency diffusion. 

Though these E-I responses can be compared, like energy decay time 
and profiles, many factors can affect the diffuseness profile of a room, like 
volume, aspect ratio, amount of absorptive surfaces, amount of diffusive 
surfaces, and the frequency range of the signal.  These must be considered 
when comparing profiles of different rooms in order to properly assess the 
meaning of the response. 

If the signals used are impulse responses, the time limits must also be 
accounted for and the signal to noise ratio at those limits noted. After the 
signals reach the noise floor, the results are no longer valid. Also, as with all 
acoustic measurements, an environment free of noise is necessary for 
accurate results, as extraneous sources can contaminate the measurement. 

Another important parameter to choose is the window size. If the window 
is too small, the intensity will not average to zero, and if it is too long, the 
time resolution will be insufficient to extract any information. The window 
chosen for this pilot study was on the order of a few milliseconds. 

23.4 Applications: Speech Intelligibility 

Restaurant Acoustics 

Restaurants often suffer from poor speech intelligibility, as acoustics are 
generally neglected in the design of these spaces. One restaurant that 
exemplified the typical problems in restaurant acoustics was measured. The 
problem most apparent to customers is a very noisy, reverberant 
environment that makes conversation difficult and uncomfortable. 

The space has these properties because it is covered with hard surfaces 
and contains almost no absorption. Often the visual properties of materials 
in these spaces take precedence over any acoustical properties.   

The acoustical defects in a restaurant become apparent when multiple 
groups of people attempt to carry out multiple conversations 
simultaneously.  In order to be heard by the other people at the table, each 
speaker must overcome the ambient noise in the restaurant as well as the 
noise from the other conversations that are occuring.  With little absorption 
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in the room, the excess noise is allowed to persist longer in the space, 
causing a greater buildup of energy. As more people talk, the noise 
increases, which causes each speaker to speak louder in order to be heard. 
This process continues until the entire room is very loud and uncomfortable. 

Measurements were taken at the Hunting Lodge restaurant in Rozendaal, 
Nederlands to assess the speech intelligibility problem. Measurements were 
again swept-sine impulse response measurements using a Microflown USP. 
Fig. 23.19 shows some initial decay time results in 1/3 octave bands for the 
main dining room and a smaller private dining room.  

 

Fig. 23.20: Reverberation time (T10 and EDT) versus frequency in the main dining area 
and the private dining room.   

One peculiarity is the abnormally long decay times (relative to volume) in 
high frequencies, and abnormally short decay times in low frequencies.  The 
short decay times can likely be attributed to high transmission loss through 
the glass walls, while the long decay times can be attributed to the hard 
reflecting surfaces in the room.  The walls are mostly glass, and the floors 
are concrete.  

Generally, consonants are the part of a speech signal most important to 
intelligibility, and these rooms have exceptionally long decay times in the 
frequency range of consonants, around 1 kHz – 4 kHz.  If sound persists in 
a room, the reverberant energy from one syllable in a speech signal will 
tend to mask the next, reducing our ability to understand the signal.  More 
reverberation corresponds to more masking.  So, these rooms have an 
abnormally high amount of masking in the frequency range of consonants, 
which significantly reduces a listener’s ability to understand a speech signal. 

In order to quantify the lack of speech intelligibility, a slightly more 
sophisticated intelligibility metric, U50, is used instead of C50 or D50 described 
above.  U50 is similar to C50 except it takes into account the level of 
background noise in the room.  Bradley describes this and similar metrics in 
References [7, 8, 9, 10]. Defining the early energy, before 50 ms, as E and 
the late energy, after 50 ms as L, U50 is defined as: 

50 10log
E

U
L N

 
=  

+ 
 (23.6) 
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where N is the energy from background noise. Accounting for the 
background noise level is particularly relevant in restaurant acoustics, as 
most of the loss in speech intelligibility is due to background noise. This 
parameter thus accounts for masking from successive syllables as well as 
background noise. 

Correlating calculated values of U50 to speech intelligibility scores reported 
in Ref. [10], Fig. 23.21 shows estimated speech intelligibility scores for 
various speech and background noise levels.  

 

Fig. 23.21: Estimated speech intelligibility scores versus background noise level in the 
space for different levels of speech in the private dining room. 

Typically, background noise levels in a restaurant will lie between 50dB 
and 90 dB. As indicated by these plots, as the noise level reaches 80dB – 
90dB, any speech is difficult to understand, which corresponds to a 
subjective, qualitative assessment of the space. 

The primary suggestion to improve the space, since it is a pre-existing 
space, is to add absorption. Absorption will cause the energy in the room to 
decay more quickly, which reduces the self-masking of the speech signal.  It 
also absorbs some of the background energy, which reduces masking from 
external noise.  

To test this recommendation, measurements were repeated in the 
private dining room with porous absorption distributed in the room. Fig. 
23.22 shows the same speech intelligibility metrics for identical 
measurements with and without absorptive material added to the room.  

 

Fig. 23.22: Estimated speech intelligibility scores in the private dining room with and 
without absorption added to the room. 
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The absorptive material improves the estimated speech intelligibility and 
reduces decay time significantly, as expected. In this particular case, the 
addition of absorption is the most practical solution, as structural changes 
to the building are not currently an option. 

Small Rooms 

A similar analysis was done on a small conference room (at the HAN 
University) where speech was particularly difficult to understand. Previous 
improvements were made using slotted Helmholtz-type absorbers.  
Measurements were taken to roughly assess the effectiveness of these 
absorbers. Reverberation chamber type absorption measurements were 
taken with the absorbers covered with several centimetres of hard wood 
and the absorbers uncovered. The two configurations of the room are 
shown in Fig. 23.18. 

 

Fig. 23.23: Absorption coefficients of the slotted Helmholtz absorbers based on pseudo-
reverberation chamber measurements. 

The calculated absorption coefficients of the slotted Helmholtz absorbers 
are shown in Fig. 23.23. These can be compared to the absorption 
coefficients measured in-situ with a Microflown p-u match probe. [30] 
However, it should be noted that these were not proper chamber 
measurements. The absorbers were fixed in the room and covered up with 
thick wooden tables to simulate their absence.  There is, however, a 
noticeable reduction in decay time which undoubtedly helps the 
understanding of speech. 

Another factor that seems to contribute, besides the inherent lack of 
absorption in the room, is the size of the room. It is small enough that low-
order modes are in the range of the fundamental pitch of male speech (100-
150 Hz). The low frequency vowel sounds will mask high frequency 
consonants, which, as described above, reduces intelligibility.  If the voice is 
able to excite strong, undamped modes, this effect will be exaggerated. The 
perception of masking is why these types of rooms (falsely) sound more 
reverberant. 
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23.5 Three dimensional intensity field around seats 

In room acoustics, many measurement techniques are hampered by the 
fact that the cavity usually is governed by a high number of (in)coherent 
sources and reflections. In an attempt to create further insight in the 
behavior of sound fields the 3D sound intensity vector field can be 
visualized. 

Instead of sound pressure (which is a scalar value), sound intensity (a 
vector) can be used to visualize the flow of sound around objects. PP 
intensity probes that are based on three pairs of two closely spaced 
pressure microphones are difficult to use because of their size, and more 
important it is difficult to measure in highly reverberant fields, as they are 
susceptible to a high pressure-intensity index. PU probes are not affected by 
the p-I index and because the intensity is measured in one spot, the spatial 
resolution can be much higher. 

Numerous 3D sound intensity measurements have been made by the 
Maritime Institute of Szczecin in Poland demonstrating an erratic pattern of 
sound intensity streamlines [32], [33] around simple objects. Later a similar 
approach was used inside the reverberant cavity of a car [34]. 

Because such approaches require a high density of measurement points 
it is not practical to measure large areas. Here the 3D sound intensity 
vector field is visualized around the top area of a theatre seat both with the 
seat up and down. 

To mimic the situation of a theatre or concert hall with a lot of 
reflections, the theatre seat was positioned in a regular office without 
furniture or floor carpet to make the room more reverberant. In one plane a 
high number of measurement points with a 2cm spacing were taken with a 
3D intensity probe. The measurement point arrangement is shown in figure 
Fig. 23.24 and Fig. 23.25. Two speakers at different positions powered with 
broad banded white noise were turned on. 

 

Theatre seat 

Speaker 2 

Speaker 1 

Measurement 

plane 

  

Fig. 23.24: Left: Arrangement of the theatre seat and speakers inside a reverberant 
office. Right: A three dimensional intensity probe measuring one point in a plane around 
the seat.. 
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Fig. 23.25: Measurement locations in one plane of the theatre seats. Left: 502 
measurement points on an open theatre seat. Right: 245 points are measured on a closed 
theatre seat (point [5,8] is missing here). 

Here the 3D intensity vectors are visualized via three techniques: 
Normalized 3D intensity vectors. Color maps of the intensity level (High 
levels are colored red here, lower values blue). Sound intensity streamlines 
(Curves that are fitted tangent to the intensity vectors). 

   

Fig. 23.26: Intensity vector visualization of an open seat. Left: 250Hz, speaker 2. Right: 
500Hz, speaker 1. 

These plots show that the intensity path is not bending very strongly at 
very low frequencies with the seat open or closed (figure 8 and 9 left). At 
higher frequencies the sound field is much more complex (figure 8 and 9 
right). 
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Fig. 23.27: Intensity vector visualization of a closed seat. Left: 250Hz, speaker 2. Right: 
500Hz, speaker 1. 

It should be noted that the test engineer, who was present in the room 
during the measurements, may have influenced the sound field. The spatial 
resolution of the measurement points is important for the streamline 
algorithm. At higher frequencies many more local influences can be 
expected, which would require the sensor spacing to be smaller. Here the 
results are plotted at 250Hz and 500Hz, so no resolution problems are 
expected here. 

The measurements show that the direction of the 3D sound intensity 
vector is highly dependent of the position and that the energy propagation 
paths are very complex. Such three dimensional intensity measurements 
could be used as input data for numerical models or to verify them, but also 
as an alternative method. It provides further insight to the complexity of 
sound field. 
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