
An Open-Source Platform for
Musical Room Acoustics Research

Leo Kazuhiro Uedaa, Fabio Konb, Fernando Iazzettac

a,bDepartment of Computer Science, University of São Paulo, Brazil
cDepartment of Music, University of S̃ao Paulo, Brazil

alku@ime.usp.br, bkon@ime.usp.br, ciazzetta@usp.br
http://gsd.ime.usp.br/acmus

Abstract AcMus is an ongoing project to develop a software for estimation, measurement,
analysis, and simulation of rooms specially designed for musical performance. The system
under development is organized in modules. All modules shall be integrated in a way as to
allow seamless flow of data regardless of the variety of data types and structures involved in
the system. Portability and accessibility of the software developed have been major concerns
in the implementation of the system and, for this reason, it has been developed as an open
source project, so that users and software developers from different groups can collaborate
with its further improvement. The measurement system is based on the sine sweep method
and provides tools for the acoustic optimization of rooms designed for musical performance.
It also provides a toolbox to help with the analysis and design of environments such as music
halls, lecture rooms, etc. for the specific use of music appreciation. The system core is be-
ing implemented in Java, with great care to make it platform neutral. The implementation is
based on the sophisticated Eclipse Platform (www.eclipse.org), which will facilitate the sys-
tem’s extensibility and flexibility, enabling the construction of an open platform for Acoustics
experimentation, freely available to researchers in the field.

1. INTRODUCTION

In the last few years the research in the field of acoustics has experienced an expressive growth
in Brazil. Although the research groups are mainly interested in issues related to environ-
mental comfort and vibration and noise control, there is also an increasing concern about
the acoustic qualities offered by spaces designed for music production and diffusion such as
recording studios, movie theaters, and lecture halls. Many companies and professionals are
getting specialized in room acoustics, but usually their activity is based on the use of imported
standard solutions, which are not necessarily well adapted to our climatic, economic, and
socio-cultural context.



In 2001, we created a research group in acoustics at the University of São Paulo with the
aim of gathering researchers interested in the connection between music and acoustics. One
year later we decide to formalize a project on room acoustics called AcMus in collaboration
with individuals from different fields, such as Music, Architecture, Engineering, Physics, and
Computer Science. Our main purpose is to start a regular work on musical acoustics and to
combine the efforts of many individuals with similar interests.

The core of the AcMus project is the implementation of a software for the analysis, simulation,
and optimization of acoustic parameters for small and medium sized music rooms [1]. The
development of the software has been guided by some specific concerns. First, since we
intend to promote the exchange of the results of our research with other groups, the software
is completely open source. In the same direction, we are trying to use, whenever possible,
source code and algorithms that are already made available by other research groups. The
Eclipse Platform (see Section 2.1) will greatly help us to accomplish this. Second, the system
must not be limited to a single platform. For this reason, the software has been developed
mostly in Java so that it can run easily on the Linux, Solaris, MacOS, and Windows platforms.
If the need arises, specific computationally-intensive functions can be implemented in C++ for
performance reasons.

In this paper, we describe the current implementation of the AcMus software, more specifi-
cally, the measurement system implemented so far and the graphical interface offered to the
user.

2. THE ACMUS INTEGRATED PLATFORM

We aim to build an open source software environment that integrates different tools for acous-
tic analysis, simulation, and optimization. This environment is divided in three main modules.

1. Measurement Module: it provides a graphical interface that helps the user to perform
and organize acoustic response measurements taken from various rooms. Using differ-
ent methods, it also calculates the room’s impulse response (IR) and a large number
of parameters related to the room acoustic behavior. We investigated two methods for
acquiring the IR. One of them is the MLS (Maximum-Length Sequence) method [2, 3],
which uses a signal based on a periodic sequence of randomly distributed positive- and
negative-going impulses with a flat energy distribution in the frequency domain. The
MLS is largely used in many acoustic measurement systems. The other method, which
we call LSF (Log Sweep FFT) [4, 5], is a more recent development and can be under-
stood as an evolution of the TDS method [6] and uses a logarithmic sweep as a excitation
signal. These methods offer a much better signal-to-noise ratio in comparison to other
methods that use mechanically produced impulses. Besides, numerical methods such as
MLS, TDS and LSF allow for the repeatability of tests since they work with an stable
and previously known signal. The Measurement Module has already been implemented
as a Matlab prototype and has been successfully tested in acoustic measurements of
different rooms at the University of São Paulo and in several theaters in the city of São
Paulo.

2. Utilities Module: it is an acoustic tool box that offers functions that can be useful for
the design of rooms, acoustic measurement, and audio processing. For example, these



functions include the generation of different types of audio signal, filtering and spectral
analysis, and also a function to help the design of Schröder diffusors [7, 8, 9, 10] and
low frequency absorbers. Many tools have already been implemented as independent
Java applications and will now be included in the AcMus integrated platform.

3. Simulation and Optimization Module: this complex module will help the design of
rooms by performing computer simulations on given models. Optimization techniques
will be applied to allow the automatic search of solutions, which, at the same time,
satisfy all constraints and can be shown to be the best ones available for a set of given
criteria. This module is still in its initial stage of development. Two well known acoustic
simulation methods will be implemented: ray tracing and image source, both based on
geometrical acoustics. These two methods will be used in association. The software will
provide the impulse response for the simulated rooms as well as the acoustic parameters
calculated from this response. Also, we intend to build a module that convolves binaural
impulse responses with anechoic audio for auralization.

2.1 Implementation

The current implementation of the AcMus Platform is almost entirely focused on the Mea-
surement Module. In fact, even the implementation of tools for the Utilities Module is being
guided by the needs of the Measurement Module.

In a measurement, a microphone and a loudspeaker, representing a listener and a sound source,
are placed at chosen positions inside a room. The software then feeds the loudspeaker with a
signal, which may differ depending on the method applied. At the same time, the microphone
captures the room’s response to this sound. After that, the software processes this recording
to calculate parameters that describe the room’s acoustic characteristics for that particular
position of listener and source. Usually, the measurements are taken in a large number of
positions and repeated several times.

A major concern of the implementation effort has been the quality of the user interface. We
seek to ease the tedious job of taking countless measurements from a room. In the next
sections, we show the stage of development.

The Eclipse Platform

Eclipse (http://www.eclipse.org ) is a powerful, generic, extensible, open set of com-
puter tools for developing programs. It is an “IDE (Integrated Development Environment)for
anything and yet nothing in particular.”

It has the same basic purpose of any other IDE (for example, Visual Studio, Delphi, and Net-
Beans), which is to help computer programmers build software by integrating development
tools in a single environment. But Eclipse actually goes beyond, it can be largely extended
with contributed plug-ins written in Java. It provides a foundation for constructing and run-
ning these plug-ins, allowing extensions built by different people to integrate seamlessly and
become part of the Eclipse Platform.

The AcMus Software is being implemented as a set of Java plug-ins integrated into the Eclipse
Platform. Applications built this way usually end up having an IDE look, partly because of the



reuse of the Eclipse plug-in infrastructure, as one may notice from the following sections. The
new Eclipse Rich-client Platform would allow us to have a more generic look but it prevents
us from reusing some useful plug-ins.

Utilities

We built some tools to support the Measurement Module that may be suitable for other pur-
poses. Therefore, they are part of the Utilities Modules. Figure 1 shows theAudio Player,
which draws the waveform and the spectrum of an audio file. We are also implementing a
DSP library that currently has a few FFT and filtering functions.

Figure 1: The Audio Player.

Measurement Manager

The Measurement Module takes advantage of the Eclipse Resources Plug-in to let the user
store measurements taken from different rooms in hierarchical folders. Figure 2 shows the
kinds of folders that induce a certain organization.

Figure 2: The hierarchical folders that store measurements.



The Project folder represents a room. The Session folder groups measurements taken
at a specific period in time. The Set folder stores the repetitions of the same measurement.
The Measurement folder stores the audio file of the room’s response and the output of the
response analysis. Figure 3 shows an actual screen shot.

Figure 3: An example of the organization of the folders.

The Measurement Module provides wizards for the creation of folders. There is one wizard
for each kind of folder, but the process of creation does not vary much. In all cases the user
may input additional information about the folder such as date, time, equipment, comments,
and so on. Figure 4 depicts the wizard for the creation of a Session folder.

Figure 4: The Session creation wizard.



Position Editor

Inside each project folder there is a file calledproject.positions. This file keeps a list of
possible positions for the microphone and the loudspeaker. It is a text file, but the software
provides a graphical editor, which is shown in Figure 5.

Figure 5: The Position Editor.

In this interface, the user may choose an image to represent the floor plan of the room. The
positions are created as points plotted on top of this image. It is important to state that all
this information is for documentation purposes only, it helps the user in the managing of the
measurements.

Input Signal Manager

There is also a special folder inside the project folder calledsignals. Inside this folder
the user may create and keep the input signals that will be played by the loudspeaker during
measurements. The input signal can be of one of two types: a signal that is generated by the
software or a given audio file. Currently, the only type of signal that the software generates is
the logarithmic sine sweep. Figure 6 shows the wizard for the creation of this type of signal.

The user needs to choose the initial and ending frequencies, as well as the total duration of
the sweep. The signal will only be generated when the user selects it in the Measurement
Interface, it will not be generated in real time during the measurement nor it will be stored in
the hard disc.



Figure 6: The Signal Wizard.

The Measurement Interface

A double-click on a measurement folder opens an interface for the management of this mea-
surement. The interface, shown in Figure 7, allows the user to perform a measurement, that
is, to play the chosen input signal and record the room response.

Figure 7: The Measurement Interface.

After that, by clicking on the “Calculate IR” button, the user asks the software to calculate the
impulse response from the captured sound. The result is shown in Figure 8.



Figure 8: The calculated impulse response.

3. CONCLUSIONS AND FUTURE WORK

We showed the implementation of part of the AcMus software stating the importance of it
being open, extensible, and platform-independent. There is clearly a lot of work to be done,
but working source code is already available at the project’s Web site:http://gsd.ime.

usp.br/acmus .

One important missing feature is the automation of the measuring process. We plan to improve
the Measurement Interface (Figure 7) so that it allows the user to issue a single command that
performs all the measurement repetitions for the chosen microphone-loudspeaker positioning.

Besides that, of course, we need to implement the processing of the impulse response. First,
the obtained IR needs some treatment in order to look more like an ideal IR. We will offer
the methods already implemented in our Matlab prototype: Lundeby [11], Chu [12], and Hi-
rata [13]. After this treatment, the software will be able to calculate the acoustic parameters:
reverberation time (RT), early decay time (EDT), sound strength (G), clarity (C), definition
(D), center time (T), initial time-gap delay (ITGD). The output will look like Table 1, which
shows the parameters generated by our Matlab prototype for the Camargo Guarnieri Audito-
rium.
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Table 1: Acoustical parameters of the Camargo Guarnieri Auditorium.

Parameters
Frequency [Hz]

63 125 250 500 1000 2000 4000 8000 A C Linear

C50 [dB] -10.880 -16.110 -11.870 1.730 3.290 3.560 5.300 8.730 5.350 4.330 5.120

C80 [dB] -1.970 -1.060 -2.170 5.140 5.680 5.690 7.640 10.690 7.650 6.980 7.650

D50 [%] 7.550 2.390 6.110 59.850 68.080 69.440 77.230 88.190 77.430 73.050 76.470

D80 [%] 38.840 43.940 37.760 76.570 78.730 78.780 85.320 92.150 85.330 83.300 85.330

CT [ms] 112.950 97.000 124.070 60.780 57.240 52.480 37.340 21.310 38.350 44.080 38.840

EDT [s] 1.015 0.807 1.225 0.963 1.174 1.142 1.128 0.798 1.062 1.049 1.016

T20 [s] 1.234 1.128 1.178 1.203 1.213 1.255 1.137 0.897 1.134 1.147 1.119

T30 [s] 1.377 1.184 1.229 1.267 1.306 1.323 1.139 0.893 1.186 1.212 1.181

T40 [s] 1.377 1.237 1.245 1.309 1.422 1.364 1.137 0.857 1.248 1.271 1.226

Bass ratio 0.954
Treble ratio 0.990
ITGD [ms] 11.500
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