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1. Introduction

Reverberation is an inherent property of sound in physical enclosed spaces,
describing the frequency-dependent decay of sound energy over time. It is
affected by several properties of the space, such as its size and geometry,
the absorbing and scattering properties of its materials, as well as whether
the space is empty or filled with objects. The acoustic conditions created
by the reverberation make it an important aspect of the design process of
specialized facilities for speech and music, such as concert halls, classrooms,
auditoria, recording studios, and more.

Characterization of the reverberation of a room has been a much re-
searched topic for over a century, ever since the pioneering work by Wallace
C. Sabine was published [1]. Over the decades, multiple techniques for
predicting the sound decay have emerged, starting from straightforward
formulas that simplify the calculations [2, 3, 4, 5, 6, 7, 8], and ending with
complicated procedures that consider the geometry and material properties
of the space in great detail [9, 10, 11, 12, 13, 14, 15]. Although relatively
quick and accurate room acoustic simulations are feasible due to the the
modern computational capacity, reverberation prediction formulas are still
popular among acousticians and researchers. They are used as a point
of comparison for the simulations results, as well as are used in sound
absorption coefficient estimation and measurement. This dissertation dis-
cusses the applicability and accuracy of reverberation prediction formulas,
especially the classical equations by Sabine and Eyring.

The most direct way to learn about the acoustic properties of a space is
to perform a suitable measurement. Techniques of capturing the room’s
sound-energy decay over time, commonly referred to as the room impulse
response, have developed along with reverberation research since the emer-
gence of this branch of acoustics [1]. The methods always include emitting
sound energy into the system under test, which in the case of architectural
acoustics is a room. The energy of such excitation signals must be high
enough to obtain sufficient dynamic range in a possibly broad frequency
range [16, 17] to minimize the negative effect of background noise on the
measurement. At the same time, factors such as time variance and non-
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Introduction

Figure 1.1. Variable acoustics laboratory Arni and the equipment used in room impulse
response measurements.

stationary noise often contribute to measurement uncertainty [18, 19]. A
part of this dissertation is dedicated to estimating the influence of the
aforementioned aspects of acoustics measurements with the use of the
exponentially swept-sine as an excitation signal. A big database of such
signals was collected by the author in the variable acoustics laboratory
Arni. A system of adjustable acoustic panels in Arni allows for numerous
combinations of absorptivity values and distribution. A view of the labo-
ratory with several panels and measurement equipment is presented in
Fig. 1.1.

Artificial reverberation aims to recreate the frequency-dependent sound
decay found in physical spaces. It is used as an effect in games, movies, and
music production. The need to add reverberation to recordings predates the
digital signal processing era, with the use of, among others, echo chambers,
plates, and strings [14]. The advent of digital reverberation algorithms in
the 1960s allowed for more flexibility in designing the characteristics of
the decay [20, 21]. At the same time, some problems related to physical
artificial reverberation, such as high cost, were eliminated or reduced
[14]. The majority of present-day reverberators contain several feedback
loops, which include a delay line and an attenuation filter. A part of this
dissertation presents solutions that aim at accurate and computationally
efficient reproduction of the characteristics of reverberation. The issues
regarding the perceptual qualities of synthesized impulse responses are

14
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discussed as well.
This work is comprised of the research collected in seven peer-reviewed

articles, three of which were published in international journals, whereas
the remaining four were presented at international conferences. These
publications can be topically organized into three groups. Publications I
and II focus on reverberation-time estimations with the use of prediction
formulas, studying their accuracy in numerous conditions regarding the
amount and distribution of sound absorption.

Publication III is centered around impulse-response measurements with
exponential swept-sines, analyzing the influence of a few external factors
on the measurement. It also introduces a method to reliably determine
whether the captured sweeps are contaminated or devoid of non-stationary
disturbances.

The third group comprises four publications focusing on artificial rever-
beration algorithms, with Publication IV introducing a method to syn-
thesize impulse responses using interleaved velvet noise. Publications
V–VII are centered around aspects of feedback delay networks, including
attenuation filters controlling the decay rate, accuracy of reverberation
reproduction, and issues concerning the echo density and reverberation
perception.

The introductory part of this thesis is organized as follows. Chapter
2 describes the decay of sound energy in enclosed spaces and discusses
reverberation-time prediction as well as its accuracy. Chapter 3 provides
an overview of impulse-response measurement techniques and describes
detection of non-stationary noise in sweep measurements. In Chapter 4,
artificial reverberation algorithms are presented, and the issues of decay-
rate control and echo density are discussed. Chapter 5 summarizes the
scientific contributions of publications included in the thesis. Chapter 6
offers concluding remarks.
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2. Sound Decay in Enclosed Spaces

When the sound produced by a source travels within an enclosed space,
it interacts with both the propagation medium and the surfaces limiting
the space before reaching the receiver (with the exception of the direct
sound that interacts with medium only). While the medium generally
contributes to attenuating the sound energy, the surfaces may either absorb
the sound wave or reflect it—either specularly or diffusely [8, 22]. The
reflections decay over time and form an impulse response (IR), in the
context of architectural acoustics more specifically referred to as room
impulse response (RIR).

This chapter explains the propagation of sound through air in enclosed
spaces. It describes the components of an RIR, and presents an intensity-
based model of the sound-energy decay as well as parameters related to
it, with a focus on reverberation time. The influence of medium-related
absorption on reverberation is discussed. The chapter lists the most pop-
ular reverberation-time prediction formulas and links them with specific
assumptions regarding the sound absorption conditions in a room. This
chapter presents the evaluation of reverberation predictions using the
most common models, as presented in Publication I and Publication II.
It discusses a few sources of possible uncertainties as well. The chapter
also presents the reduction of such errors via air absorption compensa-
tion and sound absorption coefficient calibration, based on the findings in
Publication II.

2.1 Sound Propagation in Rooms

Figure 2.1 presents all the basic stages of sound decay in rooms, starting
from the first wave that arrives at the receiver after a signal is emitted
from a sound source. This part of an RIR, called the direct sound, most
commonly propagates through the space without obstruction. Thus, the
attenuation along the direct path results from radiation loss, obeying the
inverse-square law, and the viscosity of the air. The delay between the
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Sound Decay in Enclosed Spaces

Figure 2.1. A depiction of an RIR, divided into the direct sound, early reflections, and late
reverberation parts.

emission of the direct sound and its reception is determined by the distance
separating the source and the receiver, as well as the medium-specific and
climate-specific speed of sound. Hence, the direct sound carries information
about sound source location relative to the receiver [14, 23].

Some time after the direct sound, multiple sound waves arrive at the
receiver. They are already reflected from the surfaces within the enclosure,
which include both the space’s limiting surfaces, such as walls, floor, and
ceiling, as well as objects, e.g., furniture [24]. At first, such reflections,
called early reflections, are typically sparse. Their time of arrival at the
receiver is affected by the geometry of the space, whereas their energy
is influenced by the absorbing and reflecting properties of the surface
materials [14].

With time, the number of reflections within the space increases. As the
overlapping sound waves lose their directional cues, the sound energy gets
distributed more evenly throughout the room [25]. When the ability to
discriminate separate reflections decreases, the sound field approaches
diffuseness and displays statistical properties [21, 26, 27]. This part of the
RIR is referred to as the late reverberation. It is commonly characterized
by its decay rate, which is affected by both medium- and surface-specific
absorption.

The general model for the sound decay in enclosed spaces can be ex-
pressed in terms of sound intensity [8, 28, 29]:

I(t, f) = I(0, f) exp

(
− α̂(f)

l
c t

)
exp (−mc t), (2.1)

where I(t, f) and I(0, f) are the sound intensities at times t and 0, respec-
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Figure 2.2. Illustration of the definition of the RT according to Sabine as the time that
passes from the termination of excitation signal to the sound energy decreasing
to one millionth of its initial value.

tively, and frequency f , α̂ represents the general absorption coefficient of
the room’s surfaces, l is the mean free path, i.e., the mean value of the
distance that a sound particle (ray) travels before it encounters an obstacle
[2, 8, 22, 30], which is determined by the geometry of the enclosure [2], c is
the speed of sound propagation in air, and m is the absorption coefficient
of air.

2.2 Reverberation Time

The parameter that is most commonly associated with RIRs and sound
decay is reverberation time (RT). It was introduced in the late 19th century
by Wallace C. Sabine as the time that passes from the termination of the
excitation signal to the moment in which the decaying sound reaches the
threshold of inaudibility [1]. Sabine suggested the threshold value to be a
millionth part of the initial sound energy, which translates to a 60-dB decay,
as shown in Fig. 2.2. Therefore, the common symbol for denoting RT is T60,
where the number 60 refers to the established inaudibility threshold.

It is important to note, however, that achieving 60-dB decay in mea-
sured RIRs is generally difficult due to the presence of noise, especially
given additional requirements specified in standards (i.e., the the decay
estimation should start 5 dB below the peak level and end 10 dB above
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the noise-floor level) [31, 32]. Thus, a number of parameters are used to
quantify RT in real-life conditions, e.g., T20, T30, where the number given
in the subscript specifies the dB-range over which the decay was evaluated
(i.e., 20-dB decay for T20, 30-dB decay for T30) [31, 32]. Since the theoretical
RT predictions are noise-free, in the present dissertation the symbol T60 is
used to underline the compatibility with Sabine’s definition.

Applying Sabine’s RT definition to Eq. (2.1), we see that
I(T60(f,m)) = 10−6 I(0) for t = T60. Solving this equation for T60, we
see that

T60(f,m) =
ln(106) l

c (α̂(f) + l m)
, (2.2)

which is the most general model for calculating RT values based on the
room geometry and sound absorption due to both surface absorptivity as
well as the propagation medium. In the remainder of this dissertation,
T60(f,m) denotes RT values when the air absorption is considered, whereas
T60(f, 0) = T60(f) stands for RT without air absorption.

2.2.1 Reverberation Time Formulas

Sabine’s initial experiments led to establishing the relation between the
RT, absorption in the room, and room’s dimensions, which was further
transformed into the first formula to calculate the RT values, nowadays
written as

T60(f) =
0.164V

S α(f)
, (2.3)

where V is the volume of the space in m3, S is the room surface in m2, and
α is the frequency-dependent average absorptivity in the room, defined
as α =

∑
i Siαi/S, where Si are the surface areas in m2 and αi are the

corresponding absorption coefficients of each wall.
The constant 0.164 was derived heuristically by Sabine, but often does

not appear as such in the literature, assuming a range of values between
0.16 and 0.164 [7, 8, 33, 34, 35]. We can see that Eq. (2.2) results from the
term ln(106) l/c. Hence, this value depends on the shape of the room and
the considered atmospheric conditions that affect the propagation speed.
For example, for a shoebox room with l = 4V/S [2] and the standard
conditions of temperature, humidity, and atmospheric pressure (leading to
c = 343 m/s), we obtain the value 0.161.

Sabine’s formula assumes that the sound in the enclosure decays con-
tinuously [36]. This implies that the energy of sound at a given point
in time needs to be equal everywhere within the room. This means that
the sound field needs to be perfectly diffuse, meeting the requirements
of homogeneity and isotropy, which are unattainable in the majority of
rooms [36, 37]. On the contrary, the late part of an RIR often expresses
directional properties even in big halls, which are more likely to achieve a
good level of diffusion than small rooms [38].
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The earliest modification to the Sabine equation was made by Carl F.
Eyring in 1930 [2]. Instead of being continuous, the sound decay was
assumed to be discrete, with energy losses after each reflection from the
room’s surfaces [2, 36]. Thus, the Eyring formula emerged:

T60(f) =
0.164V

−S ln(1− α(f))
. (2.4)

Due to the different approach to applying the sound-absorption coeffi-
cient in the Eyring equation, the predicted RT is always lower than that
obtained with Sabine’s model for the same values of absorptivity and α > 0.
Additionally, in the case where the room’s surfaces are perfectly absorptive
(α = 1), Eq. (2.3) returns an incorrect non-zero result, whilst the denomi-
nator of Eq. (2.4) results in ln(0), which is commonly interpreted as a RT of
0 s [22]. Despite the common understanding that the Eyring formula gives
accurate predictions for high values of α, literature suggests otherwise
[36, 37, 39], claiming that Eyring’s predictions are correct for small values
of average absorptivity (α < 0.5 [22, 40]).

Over the next decades, more researchers felt compelled to study the
reverberation theory and created their own prediction formulas based on
modifications of Sabine’s and Eyring’s equations. The main focus of those
changes was on the distribution of absorption at the room’s surfaces. Both
Sabine’s and Eyring’s formulas assume that the absorption is distributed
evenly within the enclosure, which is rarely the case. Thus, the devel-
opment of the reverberation theory aimed at increasing the predictions
accuracy when the wall absorption coefficients were significantly different
from each other.

Figure 2.3 illustrates the use cases for the most commonly used formulas
for T60 prediction, which are also detailed in Publication I. Apart from the
Sabine’s and Eyring’s equation (Fig. 2.3(a) and (b), respectively) the list
includes the following:

• Millington-Sette’s formula, which assumes that each wall has a slightly
different average absorption [3, 4], shown in Fig. 2.3(c),

• Kuttruff ’s formula utilizes a statistical approach and introduces the
concept of a relative variance of mean path length [8], and assumes that
each wall has a different absorption coefficient, as shown in Fig. 2.3(c),

• Fitzroy’s model, the first one to consider separate decays along three
axes, equivalent to the three basic axes in a rectangular room (X, Y, Z)
[5], as presented in Fig. 2.3(d),

• Arau’s formula, which is parallel to Fitzroy’s idea, assumes that the total
reverberation in a room is a geometric average of three axial (X, Y, Z)
decays [6], presented in Fig. 2.3(d), and
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Sabine Eyring

Millington-Sette
Kuttruff

Fitzroy
Arau

Neubauer

(a) (b)

(c)

(d) (e)
Figure 2.3. Representation of use cases for the RT prediction formulas. (a) Sabine’s

formula is commonly considered accurate when the absorption is small and
distributed evenly on the room surfaces. (b) Eyring’s model is meant for rooms
with moderate, but evenly distributed absorption. (c) Millington-Sette’s and
Kuttruff ’s formulas are aimed at spaces where each wall is characterized by
a different absorption coefficient. (d) Fitzroy’s and Arau’s equations assume
decays along the three major axes of the room (X, Y, Z). (e) Neubauer’s model
separates the decay in the XY-plane from the decay along the Z-axis. In all
cases, the respective surfaces and absorptivity symbols are marked with the
same color.
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• Neubauer’s equation, an extension to Fitzroy’s approach, in which the
total decay is a weighted average of two components, that in the XY-plane
and that along the Z-axis [7, 34, 35, 41], as depicted in Fig. 2.3(e).

2.2.2 Effect of Air Absorption

Early reverberation theories assumed the attenuation of sound was caused
only by the surface absorption, neglecting entirely or to some extent the
attenuating effect of air. The absorption coefficient of air, as shown in
Eqs. (2.1) and (2.2), was introduced by Knudsen [28] and commonly appears
in the denominator as 4mV , in the example of Sabine’s formula as

T60(f,m) =
0.164V

Sα(f) + 4mV
. (2.5)

Knudsen also determined the values of m under different conditions of
temperature and humidity [42, 43], and conducted an in-depth research
on the attenuating properties of different media, mainly various types
of gases [44, 45, 46, 47, 48]. The effect of humidity was also analyzed,
among others, by Harris [49, 50, 51, 52, 53], who described changes in
the speed of sound in various atmospheric conditions. Pielenmeier, who
was also interested in similar issues [54, 55, 56], focused additionally on
ultrasonic propagation [57, 58, 59]. Bass and his numerous collaborators
developed a family of curves that describe the air absorption of sound in
still atmosphere [60, 61, 62, 63, 64], which were later used in standardized
methods to estimate sound attenuation in air [65, 66]. The research on
this topic, however, is mostly applied to the outdoor propagation of sound
[67, 68, 69, 70, 71, 72, 73].

Although the effect of air on the RT values may be significant, especially
at high frequencies, the coefficient m is often excluded from RT calculations
[7, 34], or it is applied to the formulas selectively [33]. The sound absorp-
tion in air is commonly omitted for volumes under 200 m3 [8, 74], when
measurements or simulations are performed within the audible frequency
range. Neglecting the effect of air absorption may, unfortunately, lead to
considerable errors, and is sometimes recognized as a source of uncertainty
in RT calculations [75].

Publication II shows the effect of bias introduced by air absorption on
the example of RT values. The measurement results performed on days
with significantly different atmospheric conditions are compared, and the
difference in obtained RTs is shown. Even though the volume of the mea-
surement space was below 200 m3, the influence of the air attenuation of
sound was considerable, in the most extreme cases lowering the RT values
by 50% compared to air-absorption-compensated numbers. Therefore, the
effect of air absorption must be taken into account. This is crucial when
the RT measurements from different days are analyzed or compared to
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results of predictions or computer simulations.

2.2.3 Air Absorption Compensation

The effect of air absorption on the decay of sound, albeit often unaccounted
for in RT calculations, is significant enough that compensation is needed.
Numerous techniques to compensate for air absorption propose to extend
RIRs by applying frequency- and time-dependent filtering to cancel the
medium-specific attenuation [72, 73, 76]. Such procedures are mostly
tailored to outdoor propagation and scale-model measurements [72, 76,
77, 78, 79]. They are, however, not free from problems, mostly related to
an excessive increase in background-noise level, which is amplified in the
same way as the useful part of the RIR [80, 81, 82, 83].

In many applications, extending the RIR is necessary to compensate
for the air absorption. However, when results of T60 are considered, e.g.,
in sound absorption measurements [79], certain arttificial reverberation
algorithms [84] or in the case of measurements in Publication II, such a
procedure can be omitted. The effect of the air absorption can be removed
by simply subtracting the part related to coefficient m from the obtained
values:

T60(f) =

[
1

T60(f,m)
− cm

ln(106)

]−1

. (2.6)

Although the formulas to estimate the pure-tone attenuation of sound in
air are well developed and standardized [65, 66], there is little agreement
as to what value to choose when full-octave frequency bands are considered
[29, 72, 76]. Thus, Publication II examines the approaches to determine
m in octave bands. The comparison is between the pure-tone absorption
coefficient, the coefficients for the center frequency of octave bands, and a
procedure proposed in Publication II. In the last method, the full-octave
band m is obtained by averaging over an arbitrary number of pure-tone co-
efficients from that band. Publication II shows that the averaging removes
the bias related to air absorption from the results of RT measurements.
This approach also performs well in comparison to other methods, giving
robust and reliable results. Thus, the averaging of pure-tone air absorption
coefficients is shown to be applicable in air-absorption compensation.

2.3 Reverberation Time Prediction

The numerical prediction of a room’s reverberation is an important part of
acoustical simulations and of the design of specialized spaces for speech
and music, such as concert halls, auditoria, recording studios, and others.
Additionally, the RT is directly related to other room parameters, such
as clarity and definition [74], as well as speech intelligibility [85, 86, 87,
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88, 89, 90] and listening effort [91], making it a critical parameter in the
acoustic adaptation of schools and classrooms.

The attempts to overcome the limitations inherent to Sabine’s model
comprised expanding his initial idea and developing new equations (see
Sec. 2.2.1). Nowadays, the number of available models fuels a need to
evaluate their applicability to specific spaces and absorption configurations.
Considering the significance of RT as an acoustic descriptor, multiple
efforts to assess the accuracy of predictions were undertaken.

2.3.1 Evaluation of Reverberation Prediction Formulas

Among many attempts to evaluate the accuracy and applicability of rever-
beration prediction formulas, there is no agreement in the results. Numer-
ous studies declare different formulas to be in best agreement with either
measurements or RT values obtained in simulations using specialized
software. The invention of every new equation was accompanied by a claim
of increased reliability compared to the earlier methods [2, 5, 6, 92, 93].
Bistafa and Bradley [33] as well as Rossell and Arnet [94] show that Arau’s
formula causes the smallest average error, Neubauer points to his own
formula [7, 34, 35, 41] as being the most reliable, and Nowoświat and
Olechowska also prove the accuracy of their own approach [74, 95, 96, 97].

To address this issue, the author conducted her own examination of
accuracy of the seven reverberation models presented in Sec. 2.2.1. In most
cases, the literature analyzes the predictions either in one measurement
space with few absorption variations [33, 97] or in several different spaces
[34]. The research presented in Publication I investigates the reliability of
the aforementioned equations to predict the RT values for a diverse set of
absorption conditions. The measurements were performed in the variable
acoustics laboratory Arni, a facility within the Acoustic Laboratory of
Aalto University in Espoo, Finland. Arni is equipped with 55 adjustable
panels, whose state can be switched from absorptive to reflective, allowing
for a variety of RT values, ranging from 0.2 s to 1.5 s, depending on the
frequency band. The layout of the room and the placement of the panels
are presented in Fig. 2.4.

In Publication I, the measurement of each condition—from 0 to 55 absorp-
tive panels—was presented. Increasing the absorptivity in the room led to
a proportional decrease of the RT values. These numbers are compared
with the seven reverberation formulas presented in Sec. 2.2.1. The analy-
sis showed that, in principle, none of the models predicted the measured
RT values accurately. Fitzroy’s equation came closest to the reference,
although the estimations were on average burdened by a relative error of
more than 10% of the measured RT. The relative errors of the remaining
formulas were greater than 20%.
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Figure 2.4. Layout of the variable acoustics laboratory Arni in which the measurements
were performed.

2.3.2 Absorption Coefficient Calibration

The poor performance of the RT prediction formulas demonstrated in
Publication I led to the presumption that the problem is due to multiple
sources of uncertainty. One of them is the air absorption of sound, covered
in Sec. 2.2.2. The remaining ones include: the assumptions regarding the
sound field in the room and the sound absorption coefficient values. Here,
the focus is on the latter.

The estimation of the sound absorption coefficient values for RT predic-
tion is troublesome and burdened with uncertainty. Unlike other parame-
ters in the RT formulas, such as the room dimensions and air absorption,
sound absorption coefficient is difficult to estimate reliably. The issue of
the robustness and reliability of the sound-absorption coefficient estima-
tion via measurements is a subject of scientific debate since the 1930s,
which eventually came to be known as the “absorption coefficient prob-
lem” [98, 99, 100, 101]. Despite improvements to absorption coefficient
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measurement methods [102, 103], the dispute persists [104, 105, 106, 107].
Similarly, the sound absorption coefficients are many times recognized as

a significant source of discrepancies between results of acoustic measure-
ments and simulations. As such, they often play an important role in the
calibration of RT prediction models. In the literature, the minimization of
the difference between measured and predicted values, e.g., of RT or clarity
parameters, often involves adjusting the sound absorption coefficients of
room’s materials [75, 108, 109, 110]. The focus of these studies, however,
is rarely on the RT prediction formulas [108, 111], and more commonly on
geometrical acoustic models [75, 109, 110, 112].

The goal of the research presented in Publication II is to prove that the
simplest reverberation prediction models—namely Sabine’s and Eyring’s
formulas—achieve good accuracy in calculating RT values. This incorpo-
rates removing, or at least decreasing, the uncertainty related to the sound
absorption coefficient.

To this end, a big dataset of RIRs was collected in Arni. It comprised of
over 5 000 combinations of absorptive and reflective panel combinations,
allowing for a considerable diversity of absorption distribution conditions.
After removing the bias introduced in the results by the air absorption
as done in Eq. (2.6), the absorptivity for each combination was estimated
from measured RT values based on the modified Eq. (2.2):

α̂(f) =
ln(106) l

c T60(f)
. (2.7)

The absolute difference between the measured and assumed (based on
material data and information from the literature) absorptivity serves
as a measure of error for the calibration process of Sabine’s and Eyring’s
formulas.

The results of Publication II show that after adjusting the absorptivity,
the majority of the measured RT values fit within ±10% of the predicted
ones, showing that these classical formulas can estimate the reverberation
of a room well regardless of the absorption distribution. Both equations
also show good accuracy for the linear change in absorptivity conditions
presented in Publication II, proving good scalability of the RT predictions.
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3. Impulse Response Measurement

The RT of an enclosure can be estimated using prediction formulas or with
virtual acoustic simulations, as already mentioned in the previous chapter.
However, the most direct way to gain knowledge about the acoustics of
a room is through measurements. Nowadays, high-class equipment and
specialized software allow for quick and accurate measurements [113, 114,
115]. The abundance of available excitation signals offers good applicability
for various measurement scenarios [17, 116, 117].

This chapter presents a few of the most common techniques to measure
RIRs, with an emphasis on the exponential-sine-sweep method. The ad-
vantages and drawbacks of each technique are mentioned. The chapter
also presents the phenomena appearing during RIR measurements, such
as stationary noise, time variance and non-stationary noise, and their
negative influence on the aforementioned methods. Lastly, a method to
detect non-stationary disturbances in sweep measurements is described.

3.1 Measurement Techniques

The techniques to capture RIRs have been evolving since the early days
of acoustic measurements. Starting from methods that produce transient
sounds through sophisticated albeit impractical analog devices, such as
Sabine’s pipe organ [1], and various types of digitally generated impulse-
based excitation signals, all of the techniques aim to produce sound that
can be used to extract information about the acoustical properties of a
space.

One of the most intuitive methods to measure an RIR is to generate an
impulse signal and record it together with the decay. The impulse signal
can be generated digitally as a short burst of broadband noise [8], as well
as by using analog sources. Such techniques include the use of signals
originating from hand claps [118, 119, 120, 121], balloon pops [122, 123],
gunshots [124, 125], and others [119, 126].

The advantage of analog impulse sources is that they are generally
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straightforward to use and do not always require powerful and costly
equipment, such as dodecahedron loudspeakers [127, 128]. On the other
hand, the spectra of impulses generated with analog sources usually is
not flat and may vary between measurements [120]. The energy of an
impulse may prove too low to achieve sufficient dynamic range to estimate
room acoustic parameters, especially in the low-frequency range [8, 120].
Additionally, analog sound sources may not prove powerful enough to
ensure an even distribution of sound energy within the entire enclosure.

One way to overcome some of the drawbacks of impulse signals in acous-
tic measurements is to spread the energy of sound over time. This can be
accomplished by emitting a sound with a flat spectrum, e.g. white noise,
into the measured space. However, methods utilizing pseudo-random noise,
such as Maximum-Length Sequence (MLS) [17, 129, 130, 131], Inverse Re-
peated Sequence (IRS) [132, 17], and similar [133] gained more popularity
than using purely random noise. The advantage of excitation signals based
on pseudo-random noise is their immunity to transient noise [17, 129, 130].
However, the presence of “distortion peaks” originating from nonlinearities
in both the measurement equipment and the system under test reduces
their applicability [17, 130].

3.1.1 Time-Stretched Pulses

Another family of measurement methods is based on the expansion and
compression of an impulse [17]. First, the impulse signal is stretched over
time, so that its frequencies are not all excited at once, but consecutively.
This results in a time-domain signal resembling a sine with varying in-
stantaneous frequency. When the measurement is finished, the obtained
signal is temporally compressed so that the frequencies appear again at
the same time instance followed by the measured sound decay [134, 135].

When the change in the excited frequency over time is linear, the ex-
citation signal is referred to as the linear swept-sine (LSS). The LSS is
depicted in the top part of Fig. 3.1. Since all the frequencies are emitted for
the same amount of time, the spectrum of the LSS is flat in the frequency
region of interest [134, 135].

In an exponential swept-sine (ESS), the time allocated to excite specific
frequencies changes exponentially, with the low-frequency part of the
signal being emitted for a longer time than the high-frequency part [16],
as shown in the bottom part of Fig. 3.1. This results in the ESS having
a pink spectrum—the magnitude response decreases as the frequency
increases. This property is advantageous in most of the measurement
scenarios, because the background noise is most prominent in the low
frequencies, often having a detrimental effect on the dynamic range of
the measured signals [16, 19, 136, 137]. The ESS variation in which the
excitation time of specific frequencies is controlled through an iterative
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Figure 3.1. (Left) Time and (right) time-frequency representation of swept-sine measure-
ment signals. Top to bottom: LSS and ESS.

process to achieve the target dynamic range is also studied in the literature
[138, 139, 140, 141, 142, 143, 144].

The length of the sweep is its most important parameter. An appro-
priately chosen signal duration is crucial not only to obtain sufficient
dynamic range, but also to minimize the measurement uncertainty and
to push the distortion artifacts into non-causal part of the deconvolved
RIR [136, 137, 145, 146, 147, 148]. At the same time, the vulnerability
of the LSS and ESS to non-stationary noise and excessive time variance
increases proportionally to the signal duration [19].

3.2 Factors Influencing Measurements

In room acoustic measurements, any type of acoustic event different from
the observed signal is considered to be noise which may have a destructive
effect on the measurement, affecting the captured RIR and introducing
error to the estimated parameters [149]. The selection of the type of
excitation signal might be based on the characteristics of background
noise in the system under test and the possibility of the occurrence of
non-stationary noise, and the presence of factors amplifying time variance.

3.2.1 Stationary Noise

At this point in the dissertation, the division of ambient noise into station-
ary and non-stationary noise needs to be made. In the present work, any
noise event that exhibits constant properties, such as frequency content
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and energy, through the entire measurement is considered stationary. An
example is noise caused by the measurement equipment. If these proper-
ties change, such an event is considered to be non-stationary. An example
is randomly occurring transient noise. Stationary noise is, in principle,
unavoidable, whereas non-stationary noise may or may not occur during
the measurement procedure. In the remainder of this work, the terms
“background noise” and “ambient noise” are, therefore, used to refer to the
stationary noise only.

Stationary noise is mainly characterized by two properties: its frequency
response and energy (or power). Usually, such noise has the biggest portion
of its energy in the low-frequency region, but occasionally high-energy mid-
and high-frequency components occur as well. Noise can be described with
numerous parameters, but in this dissertation the signal-to-noise ratio
(SNR) is of interest, since the noise is not analyzed on its own, but in
relation to the measurement signal.

The SNR is an important parameter from the standpoint of acoustic
measurements since it quantifies the dynamic range of the RIR, i.e., the
distance between the loudest element of the RIR (usually the direct sound)
and the noise floor, under which the decay is masked by the ambient noise.
Depending on the parameter to be extracted from the RIR, the requirement
posed on the dynamic range varies, as already discussed in Chapter 2.2.

The SNR is usually expressed with the ratio of the power of the signal of
interest (excluding noise) to the power of noise itself. Since the power may
be expressed in terms of the signal energy

P [x] =
1

N

N∑
t=1

|x(t)|2 = 1

N
E[x], (3.1)

where N is the length of the signal x in samples, the SNR can be calculated
as the ratio of powers or energies:

SNR =
P [x]

P [n]
=

P [y]− P [n]

P [n]
=

E[y]− E[n]

E[n]
=

E[x]

E[n]
, (3.2)

where y is the measured signal comprising of the signal of interest x and
noise component n. In the two formulas above, the notation with braces
imply that the parameter is calculated for the entire discrete signal, such
as P [x] is the power of the signal x. The brackets indicate operation on a
single sample (or a portion of samples) of a signal, i.e., |x(t)|2 is the squared
absolute value of the signal x at a discrete time t.

3.2.2 Transfer-Function Variation

Another type of contamination in acoustic measurements that is, in prin-
ciple, unavoidable, is time variance or transfer-function variation, which
results from changes in the measurement environment [150, 151, 18, 136,
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149, 152]. For the majority of the measurement techniques to be fully
accurate, the system under test needs to be time-invariant, a requirement
that is inevitably violated in practically any room acoustic measurement
scenario. MLS is particularly vulnerable to time variances, but other tech-
niques, such as the ESS, whilst demonstrating more robustness to such dis-
turbances, may still produce erroneous results [136, 151]. Sound-pressure
level, reverberation time, and clarity index are among the parameters that
are commonly affected by time variances [18, 149].

There are two categories of time variances: interperiodic and intrape-
riodic. The tempo of the former kind is slow, causing differences to be
noticeable when two separate measurements are compared [18, 151]. In-
terperiodic time variances are caused by fluctuations in the atmospheric
conditions between the measurements, such as changes in temperature
and humidity that affect the sound propagation speed [18, 149, 151]. As a
result, a phase shift is created between two measurements along with a
change in the time delay between the emission and capture of the sound.
This causes errors in the averaging process when methods such as MLS
and swept-sine with synchronous averaging (when multiple measured
signals are averaged) are used [18, 19, 151, 153]. This effect is more
pronounced at high frequencies [18, 19, 149, 154].

Intraperiodic time variances are quick enough to induce significant
changes to a single measurement [18, 151]. They stem from sudden
changes in temperature, air movements due to wind, ventilation, hu-
man interference, or displacement of the measurement equipment due to
vibration [18, 149, 151, 152].

Quantifying the effects of time variance on the measurements is a dif-
ficult task plagued by considerable uncertainty. This is due to the un-
predictable nature of the time variances and difficult, if not impossible,
monitoring of relevant phenomena. In the literature, quantification based
on measurements is often done by comparing several recorded signals or
the parameters obtained from them, e.g. RT values [18, 136, 149]. Usually,
the assumption of such procedures is that one of the signals acts as a
“reference” against which the others are compared. This implies that this
“reference” should be devoid of both inter- and intraperiodic time variances,
which is hardly ever the case, thus rendering such methods unreliable.

Predicting the influence of time variances is, on the other hand, done
separately for inter- and intraperiodic changes. In the case of the former
type, the most established method is time stretching [18, 136, 149, 151].
In the latter kind, delay modulation might be used to model the properties
of rapid air fluctuations [18]. The results of both approaches are difficult
to relate to real-life measurements. Additionally, when using the delay
modulation technique, an assumption of periodic changes is made, which
is rarely, if ever, true [18].
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3.2.3 Non-stationary Noise

Non-stationary noise is a type of disturbance that lasts shorter than the
duration of the excitation signal with sound decay. Transient sounds, short
bursts of non-impulsive noise, and sound dropouts caused by errors in the
measurement equipment (when a part of the signal is not emitted or not
recorded) belong to this category.

As discussed before, MLS and IRS techniques are particularly immune
to impulsive noise, whilst the effect of other types of non-stationary dis-
turbances were not researched in their context. On the other hand, the
LSS and ESS signals are vulnerable to all the aforementioned kinds of
non-stationary noise, which may introduce considerable error in the RT
estimation [149]. This is true as long as the frequency spectrum of the
disturbance and the instantaneous frequency of the signal intersect. If, on
the other hand, these frequencies are different, after deconvolution the
disturbance may be pushed to the non-causal part of the RIR and can be
discarded.

3.3 Sweep Measurements in Noisy Environments

Since the sweep’s vulnerability to non-stationary noise poses a problem
in the measurements, a method that performs a reliable detection of such
disturbances in captured sweep signals is needed. Although such a method
was proposed by Guski [149], it is burdened with a few sources of uncer-
tainty, such as separating the measured sweep with the sound decay from
the rest of the recorded sound.

3.3.1 Rule of Two

Publication III introduces a different approach, called Rule of Two (Ro2) in
which the selection of a pair of clean sweeps from a series of measurements
is based on the similarity between measured ESS signals. This similarity
is expressed by the means of Pearson’s correlation coefficient (PCC).

The basic principle of the Ro2 procedure is that in a repeated measure-
ment, ESS signals devoid of non-stationary noise display high similarity
to each other and low similarity to sweeps that are contaminated with
non-stationary disturbances. This translates to a high and low value of
PCC, respectively. To categorize the measured signals into one of these
classes, a detection threshold is required. Therefore, the Ro2 is formulated
as

if ρy1,y2 > ρ̂y1,y2 then y1 and y2 are a clean pair, (3.3)

where y1 and y2 are two ESS (microphone) signals, ρy1,y2 is their measured
correlation, and ρ̂y1,y2 is the detection threshold.
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The definition of PCC requires a minimum of one pair of measurements
for the comparison. However, if the non-stationary noise occurs in at
least one of the two signals, ρy1,y2 cannot directly indicate which one is
contaminated. Therefore, if the correlation is lower then a threshold value,
another ESS needs to be captured, and its correlation to the previous
signals needs to be compared. The measurement can end when at least
two sufficiently clean sweeps are captured, so that the PCC values point
out the contaminated ESSs.

The PCC threshold ρ̂y1,y2 is estimated with respect to the correlation re-
duction resulting from the expected contamination—stationary noise and
time variance. The expected PCC is first determined based on the measure-
ment’s SNR. However, this initial threshold value is calculated with the
assumption that the stationary noise terms of all compared measurements
are uncorrelated, which might be, in fact, incorrect.

In Publication III, the noise terms in the sweep measurements are treated
as correlated—two extreme cases of fully correlated and anticorrelated
noise are considered. However, two perfectly correlated noise terms are
virtually indistinguishable from the parts of the measurement that include
the ESS signals. Thus, in Publication III, the threshold ρ̂y1,y2 is calculated
with the assumption of anticorrelated noise. Such an assumption accounts
for the possibility of the background noise containing harmonic content
(such as noise from electric devices). It also poses a less strict detection
threshold than the assumption of fully uncorrelated Gaussian noise.

Since the expectation of the time-invariant system is not true in most
cases of the RIR measurements, the transfer-function variation acts as
an expected contamination that affects the similarity between the sweeps.
Therefore, another adjustment in the detection threshold that depends
on the values of transfer-function variation factor τ , determined from
the time-variance energy, is introduced in Publication III. Not having a
“reference” RIR captured in a perfect time-invariant environment prevents
us from reliably quantifying the amount of time variance in each of the
measured signals.

Publication III proposes to infer the transfer-function variation energy
from the difference of energy between the two measured ESSs, and chooses
that each sweep contributes equally to this difference. Thus, the transfer-
function variation factor is obtained

τ =
E[y1 − y2]− E[n1 − n2]

E[x ∗ h] , (3.4)

where n1 and n2 are noise terms associated with the measured signals y1
and y2, respectively, and input (excitation) signal x is convolved with the
IR of the system under test, h.
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3.3.2 Median in Non-Stationary-Noise Detection

A necessary component for selecting clean ESSs in the Ro2 is a robust esti-
mation of noise power (energy) used in the detection-threshold calculations.
Both power and energy are subject to contamination by non-stationary
noise, such as impulses and short noise bursts. Although power is essen-
tially a mean value of squared noise samples (and energy is a scaled mean
value), any non-stationary disturbance skews it in the positive direction,
since it contains high-valued samples acting as outliers. This might lead
to an incorrectly calculated detection threshold and, as a result, falsely
classified sweeps.

When the stationary noise has a Gaussian distribution, its squared
samples follow the chi-squared distribution with one degree of freedom.
Although for chi-squared distribution mean and median do not have the
same value, as it happens for the Gaussian distibution, the relation be-
tween the mean and median for chi-squared distribution is known [155].
Thus, in Publication III we propose using the median as a more robust
estimator. With a breakdown point of 0.5 (compared to zero for the mean),
such an estimator is not affected if less than half of the signal’s samples are
contaminated [155, 156, 157]. We show that the change of estimator suc-
cessfully increases the resilience of noise-power estimation in the presence
of non-stationary noise.

Similarly, the transfer-function variation factor τ is vulnerable to contam-
ination by non-stationary noise. Since τ is estimated from a pair of mea-
sured sweeps, its value is higher if one of the ESSs contains non-stationary
noise. In Publication III, τ is fixed for the entire set of measurements, and
its distribution contains many high-valued outliers. Again, the median is
used as a base for the estimation of τ .
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4. Reverberation Synthesis

Artificial reverberation is an audio effect that augments audio and music
with an impression of space by imitating or enhancing decay characteristics
of sound. This effect is used in numerous ways and in a broad range of
applications, most notably in audio production of music, films, and games
[158, 159, 160]. Artificial reverberation can be added to dry recordings to
enhance the ambiance. In such cases, the produced reverberation can be
adjusted to an extent to fit the aesthetic climate of the entire production.
However, a more precise and realistic decay synthesis is needed in virtual
and augmented reality (VR and AR, respectively), and when simulating
architectural acoustics in the design process of spaces for speech and
music [15, 161, 162]. Another application for artificial reverberation are
reverberation-enhancement systems, aimed at modifying the acoustics of
architectural objects digitally, without changing the properties of the space
itself [163, 164, 165, 166, 167, 168, 169, 170, 171, 172, 173].

The history and development of sound-decay synthesis dates back many
decades. Early techniques of artificial reverberation focused primarily on
appending or extending reverberation for the purpose of film and music
production. Physical reverberation production techniques involved echo
chambers [174, 175], plates [176], and springs [177], which offered rich,
diffuse sound, at the same time being relatively inflexible and high in cost.
Analog methods, such as tape delays [176, 178] and oil-can delays [179]
allowed for more freedom in sound design, creating abstract, psychedelic
effects. Many of the aforementioned methods are still used to this day
to achieve specific artistic goals. Additionally, the efforts to model them
digitally make them more applicable in modern audio production [180, 181,
182, 183, 184, 185, 186, 187, 188, 189].

The digital artificial-reverberation architectures available nowadays
can be roughly divided into three groups: convolution algorithms, delay
networks, and physical room models [14]. Due to their high computational
complexity, models based on room geometry are usually used for off-line
rendering and acoustic simulations [15, 190, 191, 192, 193, 194]. They can
also be utilized in hybrid approaches, where they serve as early reflections
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generators, whilst the later part of an RIR is produced with delay-based
methods [195, 196].

The convolution of an audio signal with a measured or simulated RIR
produces rich and high-fidelity reverberation. However, since convolving
an RIR is equivalent to using a finite impulse response (FIR) filter of the
same length, the computational cost of such an operation is high, especially
for long decays [14, 197, 198]. An improvement to the computational load
of convolutional reverbs is made with the use of the fast Fourier transform
(FFT) [199, 200] and block processing of the input signal and the RIR [14].

Of the three groups, the focus of this dissertation is on the delay-based
artificial reverberation. In this chapter, the digital artificial-reverberation
methods are presented, with an overview of both early and recent tech-
niques. The use of attenuation filters is analyzed as well, with an eye
on an accurate approximation of the target RT values and avoiding filter
instabilities. The ability of certain techniques to produce perceptually
dense RIRs is also discussed, followed by investigations of the subjective
reception of synthesized reverberation.

4.1 Delay-Based Reverberation

The first digital artificial-reverberation technique was invented 60 years
ago, when Manfred Schroeder and Ben Logan introduced a delay system
in which two comb filters—feedback and feedforward—were connected to
create an allpass filter [20]. Such an intervention allowed for a structure
that produced a series of decaying echoes with a flat magnitude response.
Schroeder’s system created sound devoid of strong coloration specific to
using only a feedback or a feedforward comb filter. The structure that
utilized both feedback and allpass filters allowed for control over the decay
rate and ensured an increase in echo density over time [14].

4.1.1 Feedback Delay Networks

The early work by Schroeder was the foundation for an algorithm intro-
duced by Gerzon [201], who arranged comb-filter sets into a recirculating
network interconnected with an orthogonal matrix, ensuring no loss of
energy outside of the operation of attenuation filters. The architecture
was adapted by Stautner for multi-channel reproduction [202], and later
revisited by Jot, who redefined the design [203]. Jot’s formulation of
the feedback delay network (FDN) resulted in the algorithm’s popularity,
making it the state-of-the-art artificial-reverberation architecture to the
present day.

The block diagram of an example FDN is shown in Fig. 4.1. In the time
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Figure 4.1. Block diagram of an FDN consisting of three delay lines.

domain, the FDN can be expressed as [30, 204]

y(t) =

K∑
i

ci si(t) + d x(t), (4.1a)

si(t+ Li) =

K∑
j

Ai,j sj(t) + bi x(t), (4.1b)

where x(t) and y(t) are the input and output signals, respectively, at
discrete time t, si(t) is the output of the ith delay line, and Ai,j is the
element of a K ×,K feedback (scattering) matrix A that interconnects all
the delay lines. bi and ci are input and output gains, respectively, and d is
the direct-path gain.

The versatility of the FDN architecture allows for a wide variety of
applications and extensions. It is used to produce binaural [195, 196] and
multichannel reverberation [205, 206], as well as to synthesize multiple-
slope decay for coupled spaces [207, 208]. Other artificial reverberation
techniques, such as scattering delay networks [209, 210], digital waveguide
networks [204], digital waveguide mesh [211], and finite difference time
domain methods [191, 192, 193, 194] have a close relation to the FDN
structure.

4.1.2 Velvet-Noise Reverberators

As the number of echoes in an RIR grows over time, after a certain point
the decay resembles random noise with an exponentially decaying enve-
lope [21, 212, 213, 214, 215, 216]. Therefore, some artificial-reverberation
algorithms utilize this property to model the late part of the RIR with ran-
dom or pseudo-random signals [214, 215, 216]. In practice, since Gaussian
noise has a flat spectrum, it cannot be used in reverberation production
unprocessed. Filtering is necessary to imitate both the air and surface
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Figure 4.2. (Top) VN with one non-zero pulse occurring once in every 20 samples. (Bottom)
Example of an IVN comprising four sequences. Each sequence is marked with
a different line style. In both panes, the blocks of 20 samples are marked with
vertical dotted lines. Although the IVN is made with very sparse sequences,
each of them can be appropriately delayed, so that the pulse density of the
resulting signal ensures perceptual smoothness.

absorption, introducing frequency-dependent attenuation [213, 214, 215].
Computational complexity is an important issue in artificial reverbera-

tion, and methods to reduce it are important for the progress of the field.
This problem is especially significant in noise-based reverberation, since
Gaussian noise requires that every sample is processed.

To this end, Karjalainen and Järveläinen introduced a special kind of
quasi-random noise that constitutes of sparsely distributed pulses that
assume values of −1, 0, and 1 only [216]. The perceptual smoothness of
such kind of signal despite its sparseness earned a name for itself—velvet
noise (VN). An example of a VN signal with non-zero values appearing
once every 20 samples is shown in the top pane of Fig. 4.2.

The advantage of VN is that a non-zero pulse appears only once in a block
of samples. Given a density of 2205 pulses per second (i.e., one non-zero
sample in a block of 20 for fs = 44.1 kHz, as in Fig. 4.2), which ensures
perceptual smoothness [217], the computational cost of convolution with
VN is up to 95% lower compared to convolution with Gaussian white noise.
Additionally, the use of ±1’s for pulse amplitudes requires only additions
and no multiplications, thus possibly generating further savings [218].
Hence, the low complexity of the VN makes it beneficial for reverberation
synthesis.

The first reverberation algorithm utilizing VN was based on a simple
recursive structure [216]. The early part of the RIR was synthesized using
an FIR filter, whilst the VN was inserted in the delay line as a sparse FIR
(SFIR) filter. This approach was later improved by using short decaying
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noise sequences that were cross-faded and overlapping in time [219]. This
approach, named switched-convolution reverb, avoided repetitions present
in the original implementation by switching the VN sequence with each
pass through the feedback loop [220]. The technique was later extended for
the purposes of direction-dependent decay [221]. The idea of reverberation
modelling with VN was continued by applying filtered sparse sequences
to approximate segments of the late part of an RIR, at the same time
closely following the target decay of each of such fragments [222, 223].
Recently, VN signals were inserted in an FDN architecture to enhance the
diffuseness of produced sounds [224, 225, 226].

The latest developments in the area involve a reverberator with a few
branches, each of which include an SFIR filter made with a very sparse
VN sequence (VNS), having 1/Mth the density of a regular VN, where
M is the number of parallel branches in the reverberator. The outputs
of the branches are delayed and summed, making the VNSs interleave,
thus achieving the pulse density that ensures perceptual smoothness. The
algorithm, called interleaved velvet-noise (IVN) reverberator, is introduced
in Publication IV. An example of an output of the IVN reverberator com-
prising four branches is presented in the bottom pane of Fig. 4.2.

4.2 Decay-Rate Control

An important property of an artificial-reverberation algorithm is to produce
IRs that decay at a target rate, which translates to the desired reverber-
ation time. In all of the aforementioned reverberators, this decaying
property is realized by the attenuation filters.

The first digital reverberator by Schroeder produced reverberation that
had the same decay rate across the whole frequency range, which does
not accurately imitate the natural decay of sound in physical spaces. To
improve the perceived naturalness of sound, Moorer inserted a one-pole
filter in Schroeder’s reverberator loop gain [212] that allowed for high
frequencies to diminish faster than the low ones, imitating the sound
absorption in air. Moorer’s seemingly simple idea led to the development of
more complicated filter designs, such as Jot’s biquad filters used to control
the T60 of an FDN in three independent bands [227] that can be changed
or extended to control decay rates over an arbitrary frequency resolution.

With a growing interest in the reproduction of accurate reverberation
and the increase in available computational power, the attenuation filters
grew in size. In [196], a 13th order filter, composed of single shelving
filters (low-, high-, and band-shelving) [228], was used with an addition
of a bandpass filter to further control the magnitude response of the edge
frequencies. After that, graphical equalizers (GEQs) began to appear in
the context of decay-rate control in several frequency bands [229, 230].

41



Reverberation Synthesis

4.2.1 Accurate Reproduction of Decay Rate

Regardless of the filters used in a specific reverberator implementation,
the attenuation required to obtain the target decay in the frequency region
of interest is based on the reference RT values [203]:

γdB(f) =
−60

fsT60(f)
, (4.2)

where fs is the sampling rate. Here, γdB is a parameter called gain-per-
sample and is expressed in dB. For all the delay lines to reach the −60-dB
attenuation at the same time, the magnitude response of the loop filter
AdB(f) must be adjusted by the length of its delay line L in samples:

AdB(f) = LγdB(f). (4.3)

Regardless of the approach used to estimate the target filter gain, it
is crucial that such a filter accurately achieve the desired attenuation,
possible in many frequency bands. To achieve this goal, Publication V
proposes incorporating a cascaded GEQ, introduced by Välimäki and Liski
[231], that ensures command-gain errors no bigger than ±1dB within a
±12dB range.

The GEQ controls the attenuation in ten full-octave bands by using peak-
notch filters [232], one for each band, and a two-step process to minimize
the error in gain estimation [231]. The drawback of this approach is that
the magnitude response of each of these filters approaches 0 dB outside
of its designated frequency band. This poses a problem in the lowest and
highest bands of interest, where the sudden increase in gain results in a
surge of the respective RT values and may affect the decay in the adjacent
bands as well. As a remedy, Publication V proposes smoothing the magni-
tude response of the filter by using a broadband median gain, as suggested
in [233]. Should any further unwanted increase in the magnitude response
of the attenuation filter occur, it can be reduced by using low-order fil-
ters, such as shelving filters [234]. A comparison of an attenuation-filter
magnitude before and after smoothing is depicted in Fig. 4.3.

4.2.2 Stability

The issue of stability is discussed in the context of accurate synthesis of
sound-energy decay in multiple frequency bands. An attenuation filter
is, in the case of this dissertation, realized as a time-invariant infinite-
impulse-response (IIR) filter, which requires all of its poles to lie within
the unit circle in order to maintain stability [235, 236, 237, 238]. If this
condition is met in the overall magnitude of the attenuation filter (which
can include several low-order filters), the IR of the reverberator will decay
instead of being sustained or amplified. In most cases, it is sufficient that
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Figure 4.3. Frequency response of a GEQ smoothed by using broadband gain (black)
compared to the response without smoothing (lilac). The RT values were set
to be equal in every frequency band.

all the linear gains of the loss filter are less than one, or equivalently, its
magnitude response stays below 0 dB in the entire frequency range.

The requirement for stability, however, is sometimes violated, when
the decay rate is controlled in multiple frequencies with large differences
between adjacent RT values. Such a situation can occur when reproducing
the reverberation of unusual spaces, e.g. with one dimension significantly
larger than the other two [221, 239], or when using artificial reverberation
to create an artistic effect. If the attenuation filter cannot approximate the
target magnitude response with sufficient precision, reaching or exceeding
the unit-gain limit is possible [230].

An example of a target magnitude response that is too demanding to be
followed accurately by an attenuation filter is depicted in Fig. 4.4, together
with the resulting RT values. The parameters of the reverberator—target
RT values and a delay line of 20 ms—were specifically chosen to cause
instability of the system.

The problem of RT-error minimization is of a nonlinear nature, with the
same error in magnitude being more critical to the system stability close to
the 0-dB limit and less relevant when the attenuation is high (see Fig. 4.4).
Thus, a nonlinear error minimization between the target and obtained
RT values is an efficient way to increase the reproduction accuracy and
lower the risk of instabilities. In Publication V, the nonlinear approach
is further extended with a weighting matrix emphasizing inaccuracies
close to the 0-dB limit. It is shown that this method successfully reduces
the discrepancies in the most crucial parts of the loss filter’s magnitude
response.
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Figure 4.4. (Left) An example of instability caused by the attenuation-filter frequency
response leading to (right) an infinite RT. The black solid line shows the target
values, the solid dark violet line represents the obtained values, whereas the
lilac areas indicate the parts of the response where instabilities occur along
with the respective increase in the RT values. It should be noted that the
large increase in RT corresponding to attenuation approaching, but not yet
reaching, the 0 dB limit is not considered an instability.

4.3 Reverberation Perception

Artificial-reverberation algorithms are mainly assessed using objective
measures, such as the ability to reproduce certain decay characteristics
or the required computational complexity. Such parameters describe well
the applicability of a specific algorithm to produce reverberation in many
situations. Objective evaluation alone is, however, insufficient to qualify
the algorithm in terms of accurate reproduction of existing RIRs. This is
often essential, e.g., when the comparison between natural and synthesized
sound occurs continuously (for instance, in AR applications).

The scope of reverberation perception is wide and consists of many as-
pects, many of which are not easily reproducible digitally [240, 241, 242,
243, 244]. The subjective quality “reverberance” is most closely associated
to RT value, although not thoroughly described by it. Another quality that
can be somewhat assessed objectively is “diffuseness", which is connected
to the RIR echo density [245].

4.3.1 Echo Density

Echo, or reflection, density is a property of sound that describes the amount
of reflections reaching the receiver within a time unit. Although these
reflections may not be consciously perceived as separate sound events [8],
they are responsible for the perception of the texture of sound, its timbre,
and the size and shape of the enclosure [8, 246, 247]. With this in mind,
achieving sufficient echo density at a rate suitable for the reproduced space
is an important issue when designing artificial reverberation structures.

In the case of FDNs, the main elements that contribute to the increase
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of echo density are the delay lines and the feedback matrix. Even though
FDNs have been the state-of-the-art parametric artificial-reverberation
algorithm for decades, there is no clear and reliable set of rules on the
choice of the number of delay lines and their lengths [204, 248]. A common
design guideline is to choose mutually prime delays. Such a criterion is,
however, insufficient to obtain an adequately rapid increase in the echo
density, especially when other unwanted effects, such as clustering and
low-order dependencies, are not avoided [248, 249].

The primary criterion for choosing the feedback matrix for an FDN is
ensuring losslessness of the structure, i.e., the energy of the system should
not decay when the attenuation filters are not in use [202, 203, 250]. Apart
from this, the matrices are also used to enhance specific properties of the
FDN, such as the increase in the echo density, computational efficiency,
and spectral flatness [26, 225, 226, 251, 252, 253].

To this end, Publication VI presents a real-time implementation of an
FDN algorithm in which the user is able to manipulate elements of the
architecture, including the delay-line lengths and distribution. The study
also discusses the effect of good and flawed choices on the perceived smooth-
ness of the produced reverberation. It is shown that delay-line lengths
should be suited to the duration of the target decay. Relatively too short or
too long decays do not contribute well to the perceived smoothness of the
sound, while still employing computational resources.

Similarly, the implementation presented in Publication VI allows the
user to choose the FDN order and type of the feedback matrix. It is shown
that fulfilling the losslessness criterion is not equivalent to producing high-
quality reverberation. The analysis presented in the study shows that,
for the considered scalar matrices, the minimal order of the FDN that is
capable of achieving sufficient echo density in a short enough time is 16.

4.3.2 Smoothness of Decay

In noise-based reverberators, the produced IR is densely populated with
reflections from the start. This has the desired effect on the perception of
smoothness of sound, but also contributes to a high computation cost since
each sample has to be processed, regardless of whether it actually can be
registered by the listener or not. The problem is greatly reduced by using
pseudo-random noise, such as velvet noise. However, its parameters must
be chosen carefully to achieve good perceptual density whilst maintaining
low computational complexity of the signal.

It was established in literature that velvet noise containing about 2000
samples per second is sufficient to sound as smooth or smoother than
Gaussian noise [214, 215, 216, 217, 254]. In Publication IV, the parame-
ters of an IVN structure are chosen with this fact in mind. However, the
perceptual smoothness ensured by the reflection density of IVN may be
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Figure 4.5. IRs (dark violet) and their envelopes (black) produced with IVN reverberator.
The effect in the IR when (top) all the sequences begin at the same time with-
out smearing or segmentation, (center) the beginning times are smeared, and
(bottom) both the beginning times are smeared and the decay is segmented.
All the envelopes are computed as root-mean-square values of the signals,
determined over a sliding window of 2000 samples.

compromized by using the same sequences multiple times. Too few or too
short recurring VNSs create a repetitive, fluttery sound [220, 221]. The
results of the subjective evaluation presented in Publication IV show that
an IVN reverberator utilizing four sequences (see Fig. 4.2) with mutu-
ally prime lengths ensures sufficient smoothness without unreasonable
extension of the structure’s complexity.

Attenuating repeated VNSs creates a series of decaying steps that may
result in audible drops in sound energy. To remedy this, Publication IV
proposes to offset the starting times of all except the first VNSs, creating a
smearing effect. Further improvements can be made by segmenting the
decay, i.e., dividing each step of decay into smaller parts and gradually
decrease their level [255]. In Publication IV, three segments within each
step are deemed sufficient, causing only a marginal increase in the com-
putational complexity (two multiplications). The effect of smearing the
sequence onsets and segmentation on the early parts of the IVN reverbera-
tion is presented in Fig. 4.5.

46



Reverberation Synthesis

4.3.3 Decay-Rate Perception

In the context of auditory perception of humans, the just-noticeable dif-
ference (JND) describes the minimal perceptible deviation of a certain
characteristic of sound. In the field of artificial reverberation, the JND is
often used to evaluate the ability of an algorithm to accurately reproduce
the target RT values [230]. However, the use of the JND is not straightfor-
ward. When assessing sound-decay reproduction algorithms, the JND may
depend on the type of sound [256, 257], ranging from 3% for reverberated
speech [254] to over 20% for band-limited noise and music [257, 258, 259].
Also, a decay with more than one slope, occurring in coupled spaces, affects
the JND [260].

Publication V and Publication VII show that when using a sufficiently
detailed attenuation filter, achieving RT values that differ by less than
5% from the reference numbers is possible for “regular” RIRs, i.e., concert
halls, auditoria, etc. According to the international standard [31], such
accuracy should fit within one JND for RT values. The perceptual evalua-
tion conducted in Publication VII proves that although many of the human
listeners could not distinguish between the measured and synthesized
reverberation, this was not the case for the majority of the listening test
participants. This result is consistent with the findings of similar studies
analysing the perceptual qualities of artificial reverberation [196, 261, 262].
Therefore, the need for a more comprehensive understanding of precise
reproduction of measured RIRs remains.
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5. Summary of the Main Results

This section presents the main results of the featured publications that
are related to the author’s work.

Publication I - "Evaluation of Reverberation Time Models with
Variable Acoustics"

In Publication I, popular RT prediction formulas are tested on a large
dataset of measured reverberation-time values from a variable acoustics
laboratory. In all, the work evaluates seven RT models, including the
classical formulas by Sabine and Eyring as well as formulas that are meant
for rooms with non-uniformly distributed absorption, such as Fitzroy’s and
Kuttruff ’s equations. In two scenarios comprising measurements with
both uniformly and non-uniformly distributed absorption and a wide range
of RT values, Fitzroy’s formula proved to give the smallest error, with
Sabine’s and Kuttruff ’s models following.

Publication II - "Calibrating the Sabine and Eyring Formulas"

Publication II discusses the problem of the accuracy of RT predictions
obtained with Sabine’s and Eyring’s formulas. The study presents results
of measurements in the variable acoustics laboratory Arni, showing the
distribution of RT values for different placement of absorptive and re-
flective elements in the room. The study shows that, for measurements
conducted in different atmospheric conditions, the uncertainty related to
the air absorption of sound is high, and thus highlighting the need for com-
pensation of air absorption. The compensation procedure is presented as
well. The study also introduces a method to calibrate the sound-absorption
coefficient to reduce the error of RT estimations. The calibration considers
the gradual change in absorption occurring in the measurement space and
the non-normal distribution of the RT values. It is shown that with the cor-
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rectly estimated absorptivity, both Sabine’s and Eyring’s formula predict
the reverberation of a measured space with high accuracy—the majority of
the measured RT values lie within ±10% of the predicted results.

Publication III - "Robust Selection of Clean Swept-Sine
Measurements in Non-Stationary Noise"

Publication III introduces a method called the Rule of Two, which identifies
a pair of clean swept-sine signals from a series of measurements. The
selection process is based on the similarity between two measured ESS
signals, which is expressed by the Pearson correlation coefficient. The
PCC values above a set threshold classify two sweeps as clean, whilst a
low correlation indicates that at least one signal from the pair contains
contamination that may render a deconvolved RIR unsuitable for further
use. The study investigates the effects of expected contamination, such as
background noise and transfer-function variation, on the PCC values and
threshold estimation. It also identifies different types of contamination
by non-stationary disturbances, such as short noise bursts, impulsive
events, and sound dropouts, and presents the impact they have on the
correlation between two signals. The use of the median is established in the
process of non-stationary noise detection and transfer-function variation
quantification. Ro2 is tested on a large dataset of ESS measurements. The
results show that Ro2 is a reliable method that increases the robustness of
acoustic and audio measurements.

Publication IV - "Late-Reverberation Synthesis using Interleaved
Velvet-Noise Sequences"

Publication IV introduces an algorithm to synthesize the late part of an
RIR. Based on the fact that late reverberation resembles random noise,
the technique approximates the target decay with sparse velvet-noise
sequences. These sequences are implemented so that the non-zero samples
appear only within a limited sample range in a signal. When the sequences
are combined in parallel, the non-zero samples do not overlap, creating a
sparse but smooth-sounding signal. The listening test conducted in this
work proved that four combined sequences are sufficient to achieve a non-
repetitive sound. Additional operations, such as altering the start times
of the sequences and segmentation, creating an intermediate step in the
decay, further enhanced the perceptual smoothness of the reverberation.
Each of the sequences is then filtered by its own attenuation filter to
achieve the target RT values. The resulting algorithm is proven to be a
computationally affordable and accurate technique for synthesizing late
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reverberation.

Publication V - "Improved Reverberation Time Control For Feedback
Delay Networks"

In Publication V, an accurate GEQ is inserted as an attenuation filter
into the FDN reverberator structure to provide accurate approximation
of the target reverberation time in the resulting impulse response. The
GEQ presented in the work by Välimäki and Liski [231] is used for this
purpose. Additional operations of shifting and scaling, as well as using
a high-shelf filter for attenuating the frequencies above 16 kHz further
flatten the magnitude response of the filter, decreasing the approximation
error. Furthermore, a weighted gain optimization is introduced in the
filter-design process to improve the accuracy for cases of extreme changes
in reverberation-time values between neighboring frequency bands. The
algorithm is tested on two cases: an RIR of a concert hall and an artificial
extreme case. In the former scenario, the error between the target and the
obtained RT values does not exceed a JND of 5%. In the latter case, how-
ever, the differences are larger and exceed the 5% JND. The optimization
successfully lowers the approximation error in critical areas that are most
likely to result in filter instability.

Publication VI - "Flexible Real-Time Reverberation Synthesis with
Accurate Parameter Control"

Publication VI presents an efficient real-time implementation of an FDN
reverberator. The plugin allows for the accurate control of the RT values
in octave frequency bands, detects instabilities in the attenuation filter,
and indicates them to the user. At the same time, the user can alter other
relevant parts of the FDN architecture: the number and lengths of de-
lay lines and the properties of the feedback matrix. The implementation
provides real-time feedback on the influence of the user’s choices on the
computational load of the plugin and the quality of the produced reverber-
ation. The study concludes that an FDN of order at least 16 can produce
high-quality sound, provided that a sufficient level of mixing is ensured
by the feedback matrix. The choice of delay-line lengths is discussed as
well, listing good and bad design practices. Finally, the study discusses the
direct effect that the choice of FDN parameters has on the computational
cost of the implementation, with the CPU usage growing exponentially as
the FDN order is increased.
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Publication VII - "Evaluation of Accurate Artificial Reverberation
Algorithm"

Publication VII conducts an extensive evaluation of the performance of
an FDN reverberator with accurate control over RT values in ten octave
frequency bands. The assessment was comprised of two parts: an objective
and a subjective evaluation. In the former, the ability of the algorithm to
reproduce three different RIRs—of an office, a lecture hall, and a concert
hall—was tested in terms of the accuracy of decay reproduction. It is shown
that in the majority of the cases, the error between the target and obtained
RT values lies within 10%, and in the best cases does not exceed 5%,
which is the JND of RT specified in the ISO standard [31]. The subjective
evaluation showed that the IR that was the most accurately reproduced
by the FDN was the hardest to distinguish from the measured one in a
listening test. However, it was possible to spot differences between the
two, showing that the complexity and unique features of a real sound are
difficult to imitate with an artificial-reverberation algorithm.
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6. Conclusions

In the introductory part of this thesis, various aspects of reverberation
were discussed and analyzed. The overview was divided into three parts:
RT prediction, IR measurement techniques, and digital synthesis of rever-
beration.

The first part began by describing the propagation of sound in enclosed
spaces. The components of an RIR—direct sound, early reflections and
the reverberation tail—were described, with a special focus on the late
part. The first chapter reviewed Sabine’s definition of RT and listed the
most popular RT-prediction formulas together with the assumptions and
use cases associated with them, based on Publication I. Publication II dis-
cussed the influence of the air-absorption coefficient on RT estimations and
proposed a method to calculate it for full-octave frequency bands. The need
to compensate for the attenuation of sound in air in RT measurements and
simulations was highlighted as well. The first part also elaborated on the
accuracy of RT predictions in relation to results obtained from RIR mea-
surements in variable acoustics space for multiple absorptivity conditions,
following the studies conducted in Publication I and Publication II. This
part of the thesis was concluded by showing that the classical RT prediction
formulas by Sabine and Eyring achieved high prediction accuracy. Good
results were obtained regardless of the absorption distribution in a room,
when the uncertainty due to the sound-absorption coefficient values used
in calculations was reduced.

In the second part of the overview, various methods to capture IRs were
outlined, with an emphasis on the ESS. ESS is nowadays the most widely
used excitation signal in acoustical measurements due to its excellent
SNR, which is particularly important at low frequencies. The second
part addressed the ESS’s high sensitivity to non-stationary noise and
elaborated on types of harmful non-stationary disturbances that Publica-
tion III discussed. It also described two types of unavoidable, expected
contamination—stationary noise and time variance. The procedure to es-
tablish whether a pair of measured ESS signals was free of non-stationary
contamination, called Ro2, was presented based on Publication III. Chap-
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ter 3 elaborated on the role of robust estimators in contamination detection
as well.

The final part of the overview discussed the techniques used to synthe-
size sound-energy decay. It described artificial-reverberation algorithms
based on feedback filters, with the most attention paid to FDNs and IVN
reverberator introduced in Publication IV. The issue of decay-rate control
in artificial reverberation was discussed, based on the findings presented
in Publication V. The real-time implementation of the proposed solution,
which utilized an FDN with a GEQ, was presented in Publication VI. In
Chapter 4, the perceptual aspects regarding artificial reverberation were
highlighted. Smoothness of reverberation was discussed, following the
findings in Publication IV and Publication VI. In the case of the FDN, the
focus was on the influence of delay-line lengths and that of the feedback
matrix on the echo density. In the IVN reverberator, the effect of the
number of velvet-noise sequences was considered, showing that four suffi-
ciently long VNSs were enough for perceptually smooth reverberation. The
objective and subjective evaluation of an FDN with a GEQ showed that
digitally created sound could many times trick human listeners to perceive
it as being the same or very similar to a real RIR. The need for further
improvements in the field of artificial reverberation was also highlighted,
as discussed in Publication VII.

The continuation of the research presented in this dissertation can take
several directions. The database of IR measurements collected in the
variable acoustics laboratory Arni allows for a number of diverse research
projects. The influence of atmospheric conditions on the measurement
accuracy and acoustic parameters estimation may be examined. Also,
such a database is potentially useful for devising a method to remove
non-stationary disturbances from ESS measurements.

A natural continuation of the research on artificial reverberation is to
achieve higher fidelity in reproducing real-world RIRs. Since the computa-
tional capacity of processors is increasing rapidly, using more complicated
systems becomes feasible. Employing tools such as machine learning and
deep learning could potentially aid in achieving good accuracy of objective
parameters as well as in elevating perceptual plausibility.
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