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ABSTRACT

Reverberation is crucial in the acoustical design of physical
spaces, especially halls for live music performances. Reverbera-
tion Enhancement Systems (RESs) are active acoustic systems that
can control the reverberation properties of physical spaces, allow-
ing them to adapt to specific acoustical needs. The performance of
RESs strongly depends on the properties of the physical room and
the architecture of the Digital Signal Processor (DSP). However,
room-impulse-response (RIR) measurements and the DSP code
from previous studies on RESs have never been made open ac-
cess, leading to non-reproducible results. In this study, we present
DataRES and PyRES—a RIR dataset and a Python library to in-
crease the reproducibility of studies on RESs. The dataset con-
tains RIRs measured in RES research and development rooms and
professional music venues. The library offers classes and func-
tionality for the development, evaluation, and simulation of RESs.
The implemented DSP architectures are made differentiable, al-
lowing their components to be trained in a machine-learning-like
pipeline. The replication of previous studies by the authors shows
that PyRES can become a useful tool in future research on RESs.

1. INTRODUCTION

In the acoustical design of concert halls, reverberation is one of
the main features [1, 2]. As different music genres can have dif-
ferent requirements regarding the reverberation properties of the
hall, single-purpose halls can effectively host only a limited range
of performances [3, 4, 5]. This limits their usage and leads to the
need for multiple halls to host the diverse range of genres present
in the contemporary music scene. In most cases, the construction
of several single-purpose concert halls is not a feasible solution
due to the high cost [2, 5].

Passive mechanical systems such as retractable curtains, sus-
pended or rotating panels, reverberation chambers, and moving
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ceilings were introduced to control the geometry or the wall ab-
sorption of the physical space, thus dynamically altering its re-
verberation properties [1, 3, 5, 6]. Such solutions enable concert
halls to host a broader range of music genres. Reverberation En-
hancement Systems (RESs) are active systems, comprising micro-
phones, a Digital Signal Processor (DSP), and loudspeakers, that
provide an alternative to passive methods [1, 2, 7, 8]. Compared
to their passive counterparts, RESs can be applied instantly, even
during a performance. They allow a greater degree of reverbera-
tion variation at a lower cost and are easier to install and maintain
while occupying less space [7, 9].

Although RESs have been present in scientific research and on
the market for more than 60 years [7, 8], the related literature and
research material are scarce compared to other topics in audio and
acoustics. Initially, transducers and digital algorithms were not
of sufficient quality to produce natural reverberation, which gave
RESs a bad reputation [7]. On the one hand, it led to a progres-
sive decline in their commercial use; on the other hand, the low
margin of improvement discouraged the interest of the research
community. The advances in loudspeaker and microphone design
and artificial reverberation [7, 10, 11, 12] led to an increase in the
use of RESs. However, the improvements in these systems were
driven mainly by the industry, and thus not openly accessible.

Several commercial RESs have been available on the market
for many years [5, 7, 8]. One common characteristic among them
is the need for a physically room-informed tuning during the de-
sign and installation phases [13], which demonstrates a strong im-
pact of the physical concert hall on the resulting reverberation en-
hancement. The number of degrees of freedom in RESs (e.g., num-
ber and position of transducers and physical space characteristics)
is high [13], driving the need for systematic and generalized ap-
proaches in the design of new DSPs and perceptual studies of the
produced reverberant field. To the best of our knowledge, there are
no publicly available measurement datasets or open-source soft-
ware in research on RESs, resulting in a lack of openly accessible
resources. This, in turn, limits the development of RESs and makes
most of the results in the related literature non-reproducible.

Research in RES is divided into two categories: signal pro-
cessing studies and perceptual studies. Signal processing studies
focus on the virtual room. The aim is to design DSP architec-
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tures that provide better and deeper control over the parameters
of the generated reverberation or increase the stability limit of the
system [14, 15, 16, 17]. Perceptual studies focus on the physical
room and its interaction with the virtual room, including phenom-
ena such as the double-slope decay effect [18], the coloration in
the reverb [19], and the geometric distribution of the reverberant
field in the physical room [20].

In this work, we present two open-access resources: DataRES,
a dataset of room impulse responses (RIRs) measured in rooms
where RESs are installed, and PyRES, an open-source Python li-
brary for RES development, evaluation, and simulation. DataRES
offers a diverse range of spaces, spanning from intimate listen-
ing rooms to expansive concert halls, with varying volumes, ge-
ometries, reverberation properties, and audio setups. DataRES is
available online [21] under the CC BY-NC-SA 2.0 licence. PyRES
interfaces with the dataset and provides functionalities for devel-
oping and simulating RESs. The DSP design is implemented with
FLAMO [22], thus the DSP is defined as a chain of differential
modules that can be trained with a machine-learning-like pipeline
to meet a predefined target. PyRES also provides computations
and visualizations of metrics used for the equalization and eval-
uation of RESs. PyRES is available online [23] under the MIT
license. Together, DataRES and PyRES address the issue of low
reproducibility of results and facilitate future research on RESs.

The remainder of the paper is organized as follows. Sec. 2
provides the theoretical background on the signal model and the
system stability in RESs upon which DataRES and PyRES are de-
signed. Sec. 3 describes the structure of DataRES and PyRES.
Sec. 4 shows two applications of PyRES in system equalization
and feedback attenuation. Sec. 5 summarizes and concludes the
work.

2. REVERBERATION ENHANCEMENT SYSTEM

RESs are multichannel audio systems consisting of microphones
and loudspeakers distributed throughout a space, along with a DSP
that controls the time and frequency evolution of the audio signals
flowing between the transducers [7, 8]. Figure 1 shows a block
diagram representation of a typical RES. The physical room is
the concert hall that hosts nS stage sources, nM microphones, nL

loudspeakers, and nA audience positions. The virtual room is a
DSP that implements a virtual space, enhancing the sound field in
the physical room.

The RIRs in the physical room are as follows: HSA[t] ∈
RnA×nS between the stage sources and the audience positions;
HSM[t] ∈ RnM×nS between the stage sources and the micro-
phones; HLM[t] ∈ RnM×nL between the loudspeakers and the
microphones; HLA[t] ∈ RnA×nL between the loudspeakers and
the audience positions; t is the discrete time variable. The feed-
forward path between the microphones and the loudspeakers con-
tains the virtual room, which is a matrix of impulse responses (IRs)
VML[t] ∈ RnL×nM , and the system gain G ∈ R+.

By applying the z-Transform to all the RIR matrices, the com-
plete RES transfer function (TF) HRES(z) is defined in the com-
plex domain as

HRES(z) = HSA(z)+

+HLA(z)
(
I−GVML(z)HLM(z)

)−1
GVML(z)HSM(z),

(1)

where z is the complex variable. HRES(z) is the summation
of HSA(z), the physical-room acoustical path, and the electro-

Figure 1: Block diagram of the signal flow in a typical RES. The
signal routing is depicted by solid arrows with annotations of the
involved TFs.

acoustic path. HLM(z) is the feedback component of the system
which makes Eq. (1) recursive. Consequently, RESs are prone to
instability [7, 8] caused by a too high gain in the feedback loop,
which results in the energy of the looping signal increasing at each
loop iteration. This is dangerous for both people and equipment
and must be avoided. Assuming that the system gain G has a mag-
nitude of one, the feedback loop gain is a function of frequency
that depends on the interaction between HLM and VML. Thus, the
upper gain limit ensuring stability is different for each frequency.
The lowest value of the upper gain limit across frequencies is de-
fined as the Gain Before Instability (GBI) [8]. To ensure system
stability, G < GBI.

In the literature, there is no direct method for computing the
GBI; however, three estimation methods are identified: statistical,
deterministic, and empirical. The former two consider the open-
loop TF matrix OMM(z) ∈ CnM×nM

OMM(z) = GHLM(z)VML(z). (2)

The statistical approach analyses the statistical distribution of ei-
ther the real part or the magnitude of OMM(z) and computes the
risk of instability as a variable of G. The GBI is then estimated by
taking the value of G with 50% risk of instability [24].

The deterministic approach applies eigen-decomposition to
OMM(z):

OMM(z) = Q(z)Λ(z)Q−1(z), (3)

where Λ(z) ∈ CnM×nM is a complex diagonal matrix contain-
ing the open-loop eigenvalues and Q(z) ∈ CnM×nM is a com-
plex square matrix containing the open-loop eigenvectors along its
columns. At each frequency, the upper gain limit is estimated to
be the eigenvalue having either the maximum magnitude or the
maximum real part [16, 24, 25].

The empirical approach analyzes Eq. (1). Since the room TFs
(RTFs) not involved in the feedback loop do not affect the stability
of the system, the analysis is often restricted to the closed-loop TF
matrix CML(z) ∈ CnL×nM

CML(z) =
(
I−GVML(z)HLM(z)

)−1
GVML(z). (4)
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Figure 2: DataRES file structure.

The empirical approach then computes Eq. (4) for multiple val-
ues of G [26, 27]. Spectral analysis is then applied to CML(z) to
detect which frequencies are the most likely to cause system insta-
bility. Due to the inherent time-varying behavior of the RTFs of
the physical room [28, 29, 30], all the estimations described tend
to diverge from the true GBI.

When the system is stable, some frequencies will still decay
faster than others because OMM(z) is a function of frequency.
Therefore, when G is too close to instability, strong coloration ar-
tifacts arise in the form of long-ringing tones at frequencies for
which the upper gain limit is close to the GBI [17, 31]. This fur-
ther limits the gain value at which the system can operate.

3. DATARES AND PYRES

In this section, we present DataRES and PyRES. Their structure
and functionality are described using the signal model explained
in Sec. 2.

3.1. DataRES

DataRES comprises RIRs measured in rooms that host a RES. The
rooms are used for research and development on RESs, either in
the academic or industrial environment, or for hosting live perfor-
mance events. The spaces differ in volume, geometry, and rever-
beration properties, and the multichannel audio setups differ in the
number and position of transducers. Thus, the dataset serves as
a selection of different conditions suitable for testing new virtual-
room designs and evaluating perceptual metrics.

The structure of the dataset is shown in Fig. 2. The data is or-
ganized into folders for each room, e.g., GLivelab-Tampere, Otala,
each including an Images and a RIRs subfolder. All room folders
contain the same type of information, except when confidentiality
issues prevent it.

The Images folder contains images of the room in PNG, JPEG,
or PDF format. The image content ranges from floor plans and au-
dio setup schemes to room photos. They provide information on
the geometry of the physical space and the multichannel audio sys-
tem. The photos are in 360-degree view in case the measurements
are taken with microphone arrays or binaural heads, thus allowing
for the use of the dataset in virtual reality applications.

The RIRs folder contains the measured RIRs grouped accord-
ing to Fig. 1: StageAudience contains HSA, StageSystem con-
tains HSM, SystemAudience contains HLA, and SystemSystem
contains HLM. The labels -Mono, -Array, and -Binaural in the
folder names specify the type of microphone used for the mea-
surements. The RIRs are stored in WAV format. Each RIR mea-
surement file contains the RIR of one emitter-receiver pair, where
emitter stands for stage source in HSA and HSM and for system
loudspeaker in HLA and HLM, and receiver stands for audience
position in HSA and HLA and for system microphone in HSM

and HLM. The filename pattern of each RIR measurement file is
Exxx_Ryyy_Mzz.wav, where xxx is the number of the emitter, yyy
is the number of the receiver, and zz is a number ranging from
one to the number of measurements that were taken for the xxx-
yyy pair. The measurements between system loudspeakers and
system microphones were taken using the audio setup equipment,
hence directionality and polar patterns were given by the setup.
In RESs, the system microphones are always omnidirectional or
cardioid mono-channel microphones. Thus, HSM and HLM are
mono-channel audio files, and the label -Mono in the folder name
is omitted. When recording the audience positions, instead, mul-
tiple types of receivers were considered: omnidirectional mono-
channel microphones to simplify the use of the dataset for simu-
lations; microphone arrays for spatial analysis of the reverberant
field; binaural heads for fast binauralization of the RES IR and
rendering in virtual reality applications.

JSON files provide information about the stored data. dataset-
Info.json contains high-level information about each room in the
dataset: use of the room, volume, reverberation time in octave
bands, number of transducers in the audio setup, temperature, rel-
ative humidity, level of room occupancy, and additional occlusion
of one or more system microphones at recording time, a bool value
indicating if microphone arrays or binaural heads were used for
the audience positions, and the directory to the room folder. Each
room folder contains a roomInfo.json file that holds low-level in-
formation about the room: image directory and filenames; mea-
surement procedure (i.e., which method was used and further de-
tails depending on the method), number and positioning of stage
emitters, audience receivers, and system transducers, RIRs encod-
ing information (i.e., time-sampling rate, length of the audio files
in samples, and number of bits per sample), and directories. Fi-
nally, in each RIRs subfolder, rirsInfo.json file contains the mea-
surement filenames.

Currently, DataRES includes measurements from four differ-
ent rooms: two research and development rooms and two live mu-
sic clubs. Table 1 shows the current list of rooms and their at-
tributes. Otala is a listening room at Aalto University, Espoo, Fin-
land. ImmersiveLab is a space used for research and development
on RESs. GLivelab-Helsinki and GLivelab-Tampere are two live

Table 1: List of rooms contained in the dataset. For each room,
volume (V ) in m3, average reverberation time (RT ) in s, and num-
ber of system loudspeakers and microphones are reported.

Room V [m3] RT [s] nL nM

Otala 96 0.27 13 4
ImmersiveLab 800 0.86 32 16

GLivelab-Helsinki 700 0.51 42 6
GLivelab-Tampere 2600 0.44 41 8
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Figure 3: Research and development room Otala, Aalto University,
Espoo, Finland.

music clubs in Helsinki and Tampere, respectively, that primarily
host musical performances in genres such as rock, jazz, and blues.
The rooms are always recorded under default conditions: the room
is empty, the temperature and humidity follow the air conditioning
schedule, and the transducers are positioned as during system op-
eration. To facilitate studies on DSP robustness against RIR time
variation, the dataset also provides measurements of some rooms
under non-default conditions. If the RIRs are measured after one
or more conditions were altered, a label is added to the name of the
respective folder: -Tn for changes in the atmospheric conditions,
-Pn for changes in the positions of the system transducers, -Cn for
changes in the room occupancy, and -Ln means that one or more
system microphones were occluded during the measurement. In
each label, n is an integer iterator that indicates how many times
the room was recorded for the same type of condition alteration.

Figures 3 and 4 illustrate the data from Otala and GLivelab-
Tampere, respectively. The figures are produced with PyRES by
accessing the information in the dataset. Figures 3a and 4a show
schemes of transducer setup, with emitters marked with squares
(stage sources in green and system loudspeakers in blue), and re-
ceivers indicated with circles (system microphones in red and audi-
ence positions in yellow). The markers’ level of opacity decreases
with the growing distance from the observer. Figures 3b and 4b
show matrices of the RIR energy for each emitter-receiver pair.
Figures 3c and 4c show matrices of the RIR direct-to-reverberant
ratios of each emitter-receiver pair.
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Figure 4: Live music club GLivelab, Tampere, Finland.

3.2. PyRES

PyRES is a Python library that implements the signal flow depicted
in Fig. 1 in a modular way, thus granting independent control over
the physical room, the virtual room, and the interaction between
the two. PyTorch [32], FLAMO [22], and pyfar [33] Python li-
braries and packages are used as the back-end. PyRES serves as a
platform for the development and simulation of RESs.

PyRES is composed of three main classes: PhRoom,
VrRoom, and RES. PhRoom is a base class used to implement
the physical room. Its subclass PhRoom_dataset interfaces
with the dataset, loads the information of the requested room, and
stores the RIRs in four separate variables: h_SA, h_SM, h_LM,
and h_LA.

VrRoom is a base class used to implement the virtual room.
It receives the number of system microphones and loudspeakers,
defining its input-output connections. Its subclasses are DSP archi-
tectures defined through FLAMO [22] as chains of DSP modules.
Currently, PyRES includes five DSP architectures:

• a truncated unitary random mixing matrix

• a random finite-impulse-response (FIR) filter mixing matrix [31]

• a multichannel phase-cancelling modal reverberator [17]

• a feedback delay network (FDN)

• a multichannel unitary reverberator [34]
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Figure 5 IRs of these DSP architectures. The unitary mixing ma-
trix and the FIRs have short IRs and are suitable for system equal-
ization (see Sec. 4.1). The modal reverberator, the FDN, and the
unitary reverberator have long IRs suitable for reverberant field
control (see Sec 4.2).

Since the DSP is implemented using the FLAMO library [22],
each processing module of the architecture is differentiable, and
thus the parameters that define its behavior are trainable in a
machine-learning pipeline. Figure 6 shows how PyRES handles
the training of the DSPs. PhRoom and VrRoom are used to de-
fine the model, i.e., open or closed loop. The loss function is de-
fined according to the optimization target (see Sec. 4). The training
dataset and optimization algorithm are handled by FLAMO.

RES receives an instance from each, PhRoom and VrRoom,
as input arguments and combines them in a RES. It allows control
and simulation of the system by implementing the full signal flow
shown in Fig. 1. The most important methods of the RES class are:

• open_loop(), which returns the open-loop from Eq. (2) as a
chain of FLAMO modules

• open_loop_eigenvalues(), which returns the complex
eigenvalues of the open-loop TF matrix as in Eq. (3)

• estimate_GBI(), which estimates the GBI based on either
the real part or the magnitude of the open-loop eigenvalues

• closed_loop(), which returns the closed-loop from Eq. (4)
as a chain of FLAMO modules

• system_simulation(), which returns the complete RES
IRs and TFs (see Eq. (1))

PhRoom

VrRoom

Model

Loss
function

RES

Training dataset

Optimization algorithm

Simulation
and

evaluation

Training

Figure 6: PyRES pipelines for the training of the DSP and the
simulation and evaluation of the RES.

Figure 7 depicts the output of the system_simulation()
method for three physical rooms from the dataset and all DSP ar-
chitectures from PyRES. For each combination, Fig. 7 shows a box
plot of the magnitude distribution of the open-loop eigenvalue set
(top) and the IR spectrogram at an audience position (bottom) for
the corresponding RES with G = GBI − 2 dB. In the box plot,
the mean is represented as a thick black line. The left and right
whiskers represent the 25th and 75th percentiles, respectively. The
dot at −2 dB in each boxplot indicates the maximum value in the
distribution. Outliers are not shown because they do not add infor-
mation about system stability or spectral flatness.

For each RES, the virtual room affects the variance of the
eigenvalue magnitude distribution, while the physical room affects
the difference between the mean and the maximum value. The
spectrograms show that the physical room determines which fre-
quencies are affected by coloration, while the reverberation time
of the response is affected by both physical and virtual rooms. In
the last row of Fig. 7, the frequency range is 0–500 Hz because
the phase-canceling modal reverberator is designed to work in this
interval [17].

4. APPLICATIONS

In this section, two of the authors’ previous studies are revisited
using PyRES. These studies belong to the category of signal pro-
cessing and system stability.

4.1. System equalization

The optimization of a mixing matrix of FIR filters has been pro-
posed to obtain spectral flatness in the feedback loop [31]. With the
same approach, RES equalization can be achieved by optimizing
the FIR filters towards a desired equalization curve. In FLAMO,
the coefficients of an FIR filter are defined as a set of learnable
parameters for PyTorch. In PyRES, the mixing matrix of FIR fil-
ters is an instance of the multi-input multi-output Filter class
from FLAMO [22], containing one FIR filter for each microphone-
loudspeaker pair. Thus, the training pipeline presented in Fig. 6
can be used to find the optimal set of coefficients that flatten the
magnitude distribution of the open-loop eigenvalues. This leads to
a distribution of energy across frequencies and channels that fol-
lows the target of optimization. The coefficients of the FIR filters
were initialized by drawing from the standard normal distribution.
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