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ABSTRACT

Reverberation time is the most commonly used metric for evaluating the acoustics of
concert halls and other rooms. It is usually reported as a single value or as one value for each
of several frequency bands. However, it is possible that there could be substantial variation in
reverberation time measurements at different locations within a hall. This research studies
this variability using both actual measurements and computer simulation with the EASE
software package. The measurements were taken in the State Theatre in State College, PA,
and the computer model was based on this venue as well. This location has acoustic curtains
along the walls that can be drawn to adjust the decay time for different types of music or
other events. The measurements and simulations were for both open- and closed-curtain
scenarios. The physical measurements showed very little variation in reverberation time with
location. There was also a surprisingly small measured difference between the open- and
closed-curtain scenarios, despite the substantial perceived difference in the acoustics. The
computer simulations supported these findings. It is suggested that reverberation time may
not be an appropriate metric for characterizing this venue, and another time-domain graph
such as the energy-time curve (ETC) may hold more information.
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1. INTRODUCTION

1.1 Problem Statement

Acoustic reflections are responsible for nearly all human perception of sound within a
space. The size, shape, and materials of a room all affect the number and timing of sound
reflections reaching the listener's ears. There are a variety of metrics used to assess the
acoustic qualities of a room, but the most common is the reverberation time. The
reverberation time is a measure of the time it takes for the sound pressure level in a room to
drop 60dB after being excited by an impulse. Historically, an impulse was simulated by
popping a balloon or firing a starter pistol, and the decay time was measured by finding the
time it took to become inaudible. However, this method can be inaccurate because perfect
sound impulses are impossible to make. Now with modern computing power a much more
accurate value for the reverberation time can be found by calculating the impulse response
from the measured response to a more easily realized stimulus, like a sinusoidal sweep or
broadband noise.
Traditionally, the reverberation time has been accepted as a single value for a given
room. This is true because it represents the time for the energy in a room to dissipate, but
does the measurement of reverberation time vary with location within a room? In a perfectly
diffuse sound field, it would not. However, most rooms have a non-uniform distribution of
materials, and therefore the diffuse model may not hold. This would mean that in some
locations in the room, sound might decay more rapidly than in others, resulting in variations
in the measured reverberation time.
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A literature search yielded no material directly addressing this question. Recently it
seems that research on the reverberation time has been abandoned in favor of new metrics.
Other metrics may better describe the subjective perceptions that a listener has in terms of
objective and reproducible measurements. Nonetheless, reverberation time is still the most
common characterization of room acoustics, and it is often used as the sole indicator of a
room’s performance. Therefore research exploring both the measured and perceived
variations in the reverberation time is still a worthwhile study.

1.2 Objective

The broad objective of this research is to better understand sound fields in
performance spaces. With that knowledge, engineers and designers could have a better idea
of how to create halls with good acoustics in the entire space. The audience members in
every seat should be able to hear the same performance or talk. Many venues today use
sound reinforcement and signal processing to supplement the room acoustics. Studies
addressing the variability of the sound field within a space provide architects and engineers
with information needed to design these systems to the benefit of all the audience members.
The stage area is often made of quite different materials than the rest of the hall, so a better
understanding of the sound field there could give insight into what sort of acoustic treatments
or monitors could be beneficial for performers.
The specific objectives of this project consists of two parts. The first is to create a
computer model of The State Theatre using an acoustic simulation software package. Once
the model is complete, simulations can be run to see how the reverberation time varies with
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location. This model could also be used for future research or design work for the theater.
The second part is to take measurements in the theater itself. These will then be compared
with simulated results. The State Theater has retractable acoustic curtains lining the walls to
vary the reverberance, so the effects of these will be studied as well.
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2. LITERATURE REVIEW

2.1 Introduction

Acoustic reflections are responsible for nearly all human perception of sound within a
space. The size, shape, and materials of a room all affect the number and timing of sound
reflections reaching the listener's ears. There are a variety of metrics used to assess the
acoustic qualities of a room, but the most common is the reverberation time. The
reverberation time is a measure of the time it takes for the sound pressure level in a room to
drop 60dB after being excited by an impulse. This is usually reported as a single value for a
room without regard to possible variations with location within the room. There has been
little research documenting this variability, but several studies of interest are presented.

2.2 Reflections

The effect that reflections have on the human perception of sound is largely
dependent on their arrival time1. Reflections in about the first 20 ms are not perceived as
reverberation; rather, they are lumped together with the initial sound arrival to form a more
amplified version of the direct sound. For example, a loudspeaker that is right in front of a
wall will sound louder than without the wall because the reflection off the wall will arrive
very soon after the actual direct sound. The direct sound is responsible for intelligibility,
detail, and location perception. The so-called early reflections are those that arrive up until
about 100 ms after the initial arrival. These tend to be closely linked with the perception of
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spaciousness. They are responsible for the apparent source width. The late reflections
arriving after 100 ms are the ones responsible for apparent reverberance. They can provide a
“warmer” and fuller sound, which can be desirable, especially for classical music
performances. However, they also reduce clarity, so music could lose its articulation and
speech its intelligibility. Particularly strong late reflections can be perceived as echoes, which
are annoyances in both music and speech environments.

2.3 Room Modes

Fundamentally, room acoustics is the study of fluid waves in an enclosure. The fluid
in this case is air, and the enclosures are rooms, which can have irregular shapes and uneven
absorption distribution. An acoustic wave in a rigid enclosure forms a boundary value
problem because the walls impose the condition that velocity must be zero at the boundary
since the walls cannot move. This means we have a set of solutions for sinusoids that fit these
conditions. In room acoustics these are called room modes. Each room mode corresponds to
a single frequency. The density of modes, i.e. the number of modes per frequency range,
increases with frequency,
𝑑𝑑𝑑𝑑 4𝜋𝜋𝑓𝑓 2 𝑉𝑉 𝜋𝜋𝜋𝜋𝜋𝜋 𝐿𝐿
≅
+ 2 +
𝑑𝑑𝑑𝑑
𝑐𝑐 3
2𝑐𝑐
8𝑐𝑐

where 𝑑𝑑𝑑𝑑⁄𝑑𝑑𝑑𝑑 is the number of modes differentiated with respect to frequency, V is volume,
A is area, L is length, and c is sound speed with all units metric. Because the density of
modes is a quadratic relationship with frequency, it increases rapidly with increasing
frequency. When the modes become dense enough that they overlap, it becomes much harder
to distinguish them. After a certain density, there are enough overlapping modes that the
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sound field can be considered diffuse, and it is no longer practical, or even possible, to
distinguish individual modes. This point is usually chosen to be the point when at least three
standing wave modes overlap in the range of a single resonance bandwidth. This frequency is
known as the Schroeder frequency, and it can be conveniently found using
𝑓𝑓 ≥ 2000�𝑇𝑇⁄𝑉𝑉

where T is the reverberation time of the room and V is the volume in meters. With a large
room (~25000 m3) and a relatively short reverberation time (~1 second) the Schroeder
frequency works out to be less than 13 Hz. This is below the threshold of normal human
hearing. That means that for the entire audio band the room can be considered diffuse by this
Schroeder model.

2.4 Reverberation time

Traditionally reverberation time measurements are reported as a single value or at
most one value for each of several octave or third-octave bands. This is at least in part due to
the diffuse energy decay theory upon which it is based. Diffusivity requires that incidence is
random. That means that for a given location, sound is equally likely to arrive there from all
directions. This can never be practically realized, not even in the best reverberation chambers,
but it is usually accepted as a sufficiently accurate approximation2. The reverberation time is
a statistical approach to the acoustical behavior of a room. That is, rather than trying to
follow each reflection or mode, only the total acoustic energy coming into the room from the
source and leaving the room via absorption is considered. After all sources are shut off, there
will be a decay in energy as the absorption takes effect until there is essentially no sound.
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In this model decay time can only depend on three things: the average amount of
energy absorbed when the sound reflects off a wall, how frequently these reflections occur,
and how much energy is absorbed by the bulk air. The first factor can be accounted for by
finding an absorption coefficient for each material in the room. The absorption coefficient is
the fraction of energy absorbed when sound is reflected off a surface, and it is frequency
dependent. Then an average must be found of all the coefficients in the room, weighted by
the area of each surface. The frequency of reflections depends on the free path length
between reflections. While this could depend on the geometry, this is ignored because of the
diffuse assumption. Instead, this frequency is determined by the total volume of the room; a
higher volume means a longer time between collisions, which means a longer reverberation
time. Finally, the bulk absorption is dependent both on the volume and the air absorption,
which is dependent on humidity and temperature. Together these variables make up the
classic Sabine reverberation time formula:
𝑇𝑇 = 0.161

𝑉𝑉
𝑆𝑆𝛼𝛼� + 4𝑚𝑚𝑚𝑚

T is the reverberation time, V is the volume, S is surface area, 𝛼𝛼� is the average absorption

coefficient, and m is a factor for the air absorption. The 0.161 coefficient is to relate to the
sound speed and account for MKS units2. This equation is accurate for the usual case of
small 𝛼𝛼�, but it is more accurate to use Eyring’s formula in more absorbent rooms:
𝑇𝑇 = 0.161

𝑉𝑉
−𝑆𝑆 ln(1 − 𝛼𝛼�) + 4𝑚𝑚𝑚𝑚

These formulas contain no dependence on geometry, so they predict no variation with
location. They also do not include the effects of other small fluctuations such as edge
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diffraction or proximity to the source. Nevertheless, these formulas are still the standard
approximation and are used frequently in the field.

2.5 Schroeder integral

In 1964 M. R. Schroeder published a paper detailing a new method of measuring
reverberation time that would prove to be more accurate and have greater reliability3. While
some portions of his method are now obsolete, his concept of backwards integration for
finding the decay curve is still the standard. Previously reverberation times were measured by
finding the time it took for the sound level to decay a certain amount after an impulse or
interrupted noise. This would be timed directly from a recording. These decay curves
provided unreliable results. Perfect impulses cannot be created in practice, so the
reverberation times found using “impulses” have questionable accuracy. Interrupted random
noise excitation signals are seemingly better because they have a flat frequency response, but
the random nature itself can be problematic; Schroeder found variations of up to 100% in
consecutive tests under the same conditions. This is because the initial amplitudes and phase
angles of the test signal are different from trial to trial. To compensate for this, a number of
trials can be averaged together, which is the usual practice.
Schroeder’s solution was to backwards-integrate the square of an impulse response
measurement. That is, the response is squared, and then the integral is plotted from infinity
back to the current time t. This creates a plot that, unlike the original decay responses, is
decreasing monotonically. This makes more intuitive sense, as the energy in a room should
only decay if no sources are present. This method greatly increases the reliability of
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reverberation time measurements because one such measurement is equivalent to an average
of infinitely many interrupted noise decay measurements. Removing the extraneous noise
also allows a clearer picture of the decay curve to identify features such as two distinct slopes,
which would indicate a lack of diffusivity in the room.

2.6 Considerations for rhythmic music

The overwhelming majority of acoustics analysis of performance venues has focused
on classical music halls. This is in spite of the fact that there are more concertgoers who
attend rock and pop shows than there are classical concert attendees. Some of the more
general acoustic considerations are the same for classical and rhythmic halls, but there are
some very important distinctions to be made. Rock, pop, jazz and many other forms of
popular music rely much more heavily on rhythm than classical music. One consequence of
this is that lower frequencies become more important. At least half of the acoustic power is
used in the range of 40-125 Hz, so measurements should be extended to the 63 Hz octave
band accordingly4. Other important factors are the use of sound reinforcement, stage
monitors, and the possibility of a standing audience.
Adelman-Larsen et al.4 conducted a survey of both rock musicians and sound
engineers to try to understand what the ideal acoustic conditions are for a performance of
rhythmic music. They came up with a few scales like “clarity,” “general rating,” and
“reverberance” that the participants were to use to judge several venues by experience. The
general ratings were strongly correlated to the ratings of clarity and bass balance. Clarity had
a strong negative correlation to the perceived reverberance. The study also included
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reverberation time measurements of the halls in question, and the higher ranked halls were
found to have lower values than the lower ranked halls in general. The preferred
reverberation times were in the range of 0.6-1.2 s. There was also a dependence on room size;
as room volume increases, so does the preferred decay length.

2.7 Studies on variability

Thirty years ago there was interest in optimizing reverberation chambers. These
chambers are used to test materials for absorption coefficients among other uses. These tests
require that the room is as perfectly diffuse as possible because they provide reliable results
regardless of location or geometry. A reverberation chamber is usually a small room
surrounded on all sides by a hard, highly reflective surface such as concrete. Sometimes
additional measures are taken to enhance the diffusivity of the field, such as nonparallel walls
and rotating panes5. In order to quantify the diffusivity, several studies5,6 were conducted to
find the variance of reverberation time in these chambers, both spatially and at single
locations. Bartel and Magrab found up to 5% error in the lowest frequency bands when
measuring at multiple locations, with the error defined as values lying outside three standard
deviations. These results imply that the variations in performance halls, where the field is less
diffuse, must have at least this variability.
In 2009 an acoustic consultant in the UK presented a study on the best positions of
sources and receivers for sound field measurements7. Prokofieva wished to challenge the
various building standards that said that the loudspeakers and microphones can just be placed
“in any convenient position.” For low frequencies the individual room modes become
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important. These modes can best be excited by a loudspeaker in certain locations where there
is a pressure node. Conversely, at a pressure antinode the modes are excited least effectively.
The locations of the nodal surfaces of the individual modes depend on the room geometry.
For a simple shoebox-shaped room, they are easy to find, but additional calculation is needed
when the room shape is more complex. Prokofieva found that the reverberation time
measurements could differ by up to 10% for different locations if the source was in a location
that significantly enhanced a room mode.

2.8 ISO standard

There is an ISO standard (ISO 3382-1) that was updated in 2009 which specifies
procedures for measuring and reporting room acoustics metrics8. In regards to the spatial
variation of reverberation time, there are several guidelines in the appendix on measurement
procedures that are relevant. It states that “the various measures are not statistical properties
of the entire auditorium and will vary systematically from seat to seat.” At least three
different on-stage source positions and a minimum of six to ten microphone positions are
recommended, depending on hall size. These positions should be representative of the
different seating areas. They can be placed on only one side of symmetrical halls to avoid
redundancy. Additionally, if the source being used is very close to the tolerances of the
specified omnidirectivity, all measurements should be conducted at least three times with the
source at three different orientations.
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2.9 Conclusion

While there may not be a lot of research that documents the spatial variation of
reverberation time, the literature that is available seems to be in agreement. Small spatial
variation has even been reported in the best-case scenario of a reverberation chamber. These
concerns are important enough that there are guidelines included in the relevant standard to
increase the number of measurements to ensure an accurate representation of the entire hall.
What is still not well documented is how significant the fluctuation is in a real hall.
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3. METHODOLOGY

3.1 The State Theatre

The measurement location and the basis of the computer model was the State
Theatre9, a local theater in State College, PA. It is a 571-person capacity venue with 430
seats on the orchestra level and a balcony with 141 seats. The balcony also contains one
small theater box on either side of the stage. The seating chart is shown below in Figure 1.

Figure 1: The State Theatre seating diagram
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The State Theatre originally opened in 1938 as a movie theater. It was in operation
until 2001, when it was closed for remodeling. After extensive interior renovations the
theater was re-opened in December of 2006. It now is host to a wide array of events,
including drama; classical, rock, folk, and jazz music; and independent films. For a multipurpose hall such as this, a one-size-fits-all approach to the acoustic design is not appropriate.
Instead, there are several important acoustic features to optimize the sound. The feature that
is studied directly in this project is the retractable wall curtains. These heavy velour curtains
cover the walls in the house on both the orchestra and balcony levels. For loud music, films,
or other events requiring less reverberant fields, these curtains are kept closed to cover the
more reflective walls behind them. When a more “lively” room is desired, such as in the case
of classical music, these curtains can be drawn via several hand-operated pulleys, and they
are stowed behind drywall panels. The exposed walls are made of drywall panels as well, and
they are angled inward in a zigzag pattern in order to direct the sound towards the audience
rather directly perpendicular to the walls. This is to enhance diffusivity and prevent
disturbing echoes that form with parallel walls.
One other important acoustical feature is the sound reinforcement system and the use
of digital signal processing (DSP) effects. An extensive permanent sound reinforcement
system is installed in the theater, with two three-way loudspeaker units flown over each side
of the stage providing the majority of the amplified sound. There are two subwoofers
underneath the stage to cover the low end. Additional smaller fill speakers are mounted along
the walls and under the balcony to cover areas that are not sufficiently covered by the flown
speakers. There are also various stage monitor configurations that depend on the event. DSP
effects can be applied to add an artificial reverberation to the reproduced sound. This is a
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very useful way of varying the acoustics of the venue because, unlike the wall curtains, the
DSP effect settings can be altered nearly instantly without interrupting the performance, so
changes can be made on the fly. The effects can even be applied to only certain microphone
channels to give even more control. This can be useful, for instance, when a singer needs
added fullness and warmth, but other instruments would be muddied by the same effect.
The purpose of using this particular venue is convenience, not necessarily to assess
any concerns about the sound quality in the theater. There was ready access to both the
facility for measurements and architectural drawings for modeling. The thesis advisor was a
consultant to the State Theatre during renovations, and he occasionally serves as sound
engineer for concert events there. He also had the opportunity to take measurements of the
reverberation time of the theatre in its unfinished state during the renovation period to advise
them of any predicted sound issues. The multi-use nature and corresponding acoustic design
features made the State Theatre an ideal choice. Though no formal survey was taken of
subjective opinions of the acoustics in this venue, the author believes that the general opinion
would be that the theater has a very clear sound, but it is a bit “dead.” This would usually
correspond to a relatively low reverberation time. This makes the theater a good place for
amplified, rhythmic music such as most rock, pop, jazz, and folk bands. It also makes a good
movie theater because the film sound is designed for well insulated rooms. Classical music is
where the sound in the theater often suffers. The results of this project may eventually lead to
a solution to this problem, but again, this is an ancillary consequence.
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3.2 Sound source

Measurements of the reverberation time require a sound impulse to stimulate the
room. Ideally this would be a flat-frequency, infinitely short, and omnidirectional burst, but
this is not practically realizable. Traditionally, a stimulus is created using a starter pistol, a
balloon pop, or another approximation of a perfect impulse. However, these methods can
produce unreliable results because the excitation they produce is neither omnidirectional nor
infinitely short. These problems become more apparent at higher frequencies because sound
radiation becomes less directional with decreasing frequency.
The solution favored now is to use signal processing to derive the impulse response
from measurements with different excitation signals, such as broadband noise or a sinusoid
sweep. These can be produced by a loudspeaker, but the problem of directivity still remains.
Both Brüel & Kjær and Norsonic make commercial dodecahedron loudspeakers with 12
drivers arranged outwardly to create a sufficiently omnidirectional field. Brüel & Kjær also
have a more novel source called the OmniSource 4295, which uses a clever control of
resonances and impedance to create an omnidirectional loudspeaker with a sufficiently flat
response using only a single driver.
Any of these sources would have been suitable for this project, but at $3000-$5000
there was no room for them in the budget. Instead, some other solution was needed. It is
conceivable that a dodecahedron source could be constructed cheaply because buying 12
individual drivers and the necessary plywood would be much less expensive than purchasing
a commercial model. Unfortunately, this would have likely taken more time than was
available including the design, construction and testing necessary. In fact, it would be a
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whole separate project; an acoustics graduate student here at Penn State constructed and
tested a dodecahedron source for his undergraduate thesis at Kettering University. With
budget and time constraints, the only viable remaining option was to use some combination
of available loudspeakers to simulate an omnidirectional source.
The chosen loudspeakers were three Meyer Sound UPM-1Ps10. These could be
borrowed from the State Theatre, so there was no cost. These small loudspeakers are
designed to be used as low-profile sound reinforcement systems. They contain one 1” metal
dome tweeter and two 5” cone drivers each. The compact (6.85” w × 18.00” h × 7.70” d)
dimensions help to simulate an omnidirectional source because acoustically smaller sources
behave more like an ideal point source. They are also self-powered, which eliminates the
need for an external amplifier, so set-up is simplified. The specified operating range is 75 Hz
– 20 kHz, with a flat frequency response of 80 Hz – 16 kHz ± 4 dB. This is sufficient for the
bands used to evaluate reverberation time. The coverage range is 100° for the vertical and
horizontal planes. This is less than ideal because three speakers can cover a maximum of 300°
rather than 360° in the horizontal plane and only 100° rather than 180° in the vertical plane.

3.3 Microphones

The microphones used are two identical Gold Line TEF04 models11. They are
instrument-quality1/2-inch omnidirectional condenser microphones. They have a specified
maximum input of 123 dB SPL, and their frequency response is 20 Hz – 15 kHz ± ½ dB. The
input sensitivity is 7.5 mV/Pa.
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3.4 Measurement set-up

The physical measurements taken in the State Theatre make use of software called
EASERA run on a laptop computer. Figure 2 shows a block diagram of the set-up. A
hardware peripheral called the EASERA Gateway is connected to the laptop via firewire
(IEEE 1394). This device serves as an analog-to-digital converter, a preamp, and a computer
interface. There are two input channels where microphones can be connected via XLR cables,
and each channel has a gain knob. The knobs are calibrated, and their position is sent to the
software, so it can correct for the gain. There are also two main output channels for sending
the excitation signals to the source loudspeaker(s) via 1/4-inch audio jacks. This signal
requires amplification to power loudspeakers, but in this case the loudspeakers used are selfpowered, so the amplifier is built in.

Figure 2: Measurement set-up diagram
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3.5 EASERA

EASERA stands for Electronic & Acoustic System Evaluation & Response
Analysis12. It is a software program produced by SDA for measuring and evaluating room
acoustics. EASERA can either be run in “Live” mode to visualize sounds in real time or in
“Measurement” mode to record specific responses, the latter being most useful for the
present project. In this mode, an excitation signal is chosen to stimulate the room. There are
choices of sinusoid sweeps, broadband noise, maximum length sequences (MLS), and single
frequency sinusoids. With the exception of the latter, all the signals can have white (flat),
pink (1/f), or “weighted” frequency weightings. The “weighted” option is best for most
loudspeakers because it reduces the load for high frequencies appropriately in order to avoid
non-linear distortions. The signal length and sampling frequency can also be selected. The
length should be at least as long as the expected reverberation time in order to capture a
sufficient amount of data. The default sampling frequency of 44.1 kHz is suitable for this
application because this can resolve frequencies as high as 22 kHz, which is even higher than
necessary. The chosen signal type was a weighted sweep because this provides the best
distortion control, and it is easy to hear if anything is amiss. The final important parameters
are the signal length, the number of averages, and the number of pre-sends. A pre-send is a
signal played but not recorded to “warm up” up the room to its steady state. The number of
averages is the number of times the signal will be played and recorded consecutively. These
are then averaged together to eliminate the effects of random noise. In a room as quiet as the
State Theatre, 3 averages and one pre-send is more than sufficient. Initial measurements were
taken with a 1.5 second signal, but that was later increased to 3 seconds.
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After the response has been recorded, EASERA has powerful signal processing tools
to analyze the data. By default the first step it takes is to deconvolve the stimulation signal
and any other compensation from the recording to display the impulse response. From the
impulse response it can produce various time-domain graphs and values such as an EnergyTime Curve (ETC), Schroeder integral, and clarity ratios. It can run Fast Fourier Transforms
(FFTs) to display the frequency response of any portion of the impulse response. In the
frequency domain more graphs can be made such as magnitude and phase responses.
Combining domains results in a three-dimensional plot called a waterfall. It is so named
because that is what it resembles when energy decays with time across a frequency band.
EASERA also comes equipped with virtual filters and windows to isolate segments in the
frequency and time domains, respectively.

3.6 EASE

EASE is a software package for simulating a wide array of room acoustics scenarios.
It stands for Enhanced Acoustic Simulator for Engineers. It consists of a number of “child
modules,” which are individual programs to perform different sorts of tasks. They can share
project data through the main program. For this project, the child module used for the
majority of the time was the Edit Project module. This is where a CAD model of a room can
be created for the purpose of running acoustic simulations.
The editing system is based on vertices with Cartesian coordinates. By convention,
the origin is at the center of the edge of stage, with positive side of the y-axis being on the
stage. Vertices are then connected by faces. In EASE only the interior of a room is important;
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the only surfaces that are relevant are those that come into contact with the sound. Each face
created in EASE has a front and a back, with the front facing the interior of the building
where it will reflect or absorb the sound. This means that if there is a feature such as the
balcony in the State Theatre, it must be a hollow shell that juts into the rest of the room.
EASE also only accepts flat faces. When there are curved surfaces, they must be modeled as
several flat surfaces instead. The model must also be completely closed in order for any
simulations to be run. There are built-in algorithms to attempt to diagnose and repair holes
and flatten faces, but these usually only work on relatively simple models. When dealing
with hundreds of faces, such as in the State Theatre model, these algorithms produce some
very strange unwanted results. Instead, the problems areas need to be fixed manually.
Each face in the model can have a material assigned to it. Materials have absorption
and/or scattering coefficients that specify how an incident ray of sound will behave. EASE
comes with a library of materials that have data provided by the manufacturer or a testing
facility. An example of a material absorption plot is shown in Figure 3. EASE also includes a
library of manufacturer-supplied loudspeaker data including frequency response, directivity,
and physical dimensions. Loudspeakers, along with audience areas, can be added to the room
to have source and receiver positions for acoustic simulations.
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Figure 3: Absorption spectrum of carpet on concrete

Once the model is completed, there are many simulations and other functions that
EASE can perform in the other child modules. For the majority of the acoustic simulations,
EASE uses ray tracing. Ray tracing uses a finite number of sound rays originating from a
loudspeaker in the room and follows their paths bouncing around their walls, taking into
account the material properties. The results can be calculated for single receiver positions or
mapped onto two dimensional audience areas. The most important calculation EASE can
perform is calculating the impulse response at a given point. This impulse response can then
be imported into EASERA, where all the signal processing tools are available to analyze the
simulated data. The impulse response can also be used to create auralizations. An
auralization takes a dry audio sample and convolves it with the effects of the room at a point
to create a stereo audio file of what it would sound like to listen to the sample in the room.
This is a useful tool for subjective evaluation of buildings that have yet to be built. There are
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also tools to create an impressive photo-realistic model of a room by adding lighting and
enhancing the faces with bitmap textures. Most of these features were beyond the feasible
scope of this project, but with a model constructed, these tools are readily available for future
work.
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4. RESULTS

4.1 Measurement Results

4.1.1

Stage curtains closed

On the first of two days of testing, there was only a limited amount of unoccupied
time in the State Theatre, and there were equipment malfunctions, so only a small amount of
data could be taken. Two microphone locations were used: seat G107 in approximately the
center of the audience area on the orchestra level and seat B114, which is also in the center of
the orchestra level but is several rows closer to the stage. The stage curtains were closed for
all runs on this day, with the three loudspeakers directly in front, facing outward at
approximately 0° and ± 45° (see photograph in appendix). Measurements were taken with the
wall curtains closed and then open.
The results of this test were initially troubling. Figure 4 shows Schroeder energy
decay curves for runs with curtains open and closed at the same microphone position. The
curves are virtually identical. A best fit line shows the closed-curtain reverberation time to be
0.74 seconds, and the open-curtain time is only slightly above that at 0.77 seconds, a
difference of only 30 ms. Based on earlier testing by the thesis advisor, opening the curtains
was expected to increase the decay time by approximately one second. Roughly 70 ms for the
curtain-closed value seemed appropriate, but the curtain-closed value was much lower than
expected. There was an obvious sound difference between when the curtains were open and
closed; it seemed as if handclaps reverberated longer, and there was a slight flutter echo
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coming off the exposed walls. Could it be possible for there to be such a small difference in
reverberation time when there is such a noticeable difference in acoustics?

Figure 4: Schroeder plots for wall curtains open and closed

Figure 5 shows a plot of these same reverberation time measurements in 1/3 octave
bands. This type of graph is most useful when comparing reverberation times, and it will be
used frequently in this thesis. It also includes lines indicating the average value for the band
of 400 Hz – 5 kHz. In this band the difference between curtains open and curtains closed is
small but consistent.
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A look at the impulse response measurements provides more insight into this apparent
contradiction. In figure 6 the traces look similar, but individual spikes are more pronounced
when the wall curtains are open. This is especially apparent in strong reflection occurring at
approximately 30 ms. This indicates that the exposed walls do indeed create stronger
reflections than the curtains. However, the curves still seem to decay at the same rate. This is
in agreement with the very close reverberation times.

Figure 5: Reverberation times for wall curtains open and closed

Figure 6: Impulse responses for wall curtains open and closed
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A comparison of the impulse responses for measurements taken at the two receiver
locations with wall curtains open is in Figure 7. It shows that certain strong reflections occur
at different points in time at the closer seat location, B114. This is due to the path length
difference. This is expected, so it adds to the validity of the measurement procedure; the
results are not unreasonable, so perhaps reverberation times are accurate as well.

Figure 7: Impulse responses at two different locations

At first it seemed that there must be some critical error in the methodology of the
measurements because the unexpectedly low reverberation time could not be explained.
Perhaps the measurement times were not long enough. These tests were conducted using a
1.5 second weighted sinusoid sweep as a stimulus, but the curtain-open reverberation time
was expected to be 1.5 seconds or longer. In that case, a three second recording time would
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be more appropriate. However, the plot clearly shows that there is little, if any, activity after
700 ms, so increasing the measurement times would not likely solve the problem.
Another conceivable issue may be improper calibration of some part of the signal
chain. Indeed, the value for the microphone sensitivity was taken directly from the
manufacturer’s supplied calibration sheet, which was several years old. Due to a lack of a
suitable calibration reference, there was no option to determine if the microphone had
somehow fallen out of calibration, unlikely as this may be. However, the reverberation time
is measured on the relative decibel scale, so regardless of whether this or any other
component of the measurement system was improperly calibrated, the values found would
remain accurate.
One other possible error source could be due to taking the measurements with the
stage curtains closed. This significantly reduces the effective volume of the hall without
𝑉𝑉

adding much absorption. According to the simple Sabine equation, 𝑇𝑇 = 0.161 𝑆𝑆𝛼𝛼� , an

increased volume would mean a higher sensitivity to changes in absorptive area. Therefore
the effect of opening the wall curtains should be more apparent with the stage curtains
opened. The author was doubtful that this would have a large enough effect to increase the
curtain-open value to the expected time, but in order to eliminate this as a possible error, the
remaining tests were conducted with the stage curtains open.

4.1.2

Stage curtains open

On the second day of testing there was more free time available, and there were fewer
technical problems, so a wider variety of measurements were taken. The first measurement
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was a comparison with the previous session’s measurements. The major change from the
previous session is that the stage curtain is now open, and the source loudspeakers are now
placed at approximately 120° apart to cover a full 360° range rather than the 180° range
required before. The exact microphone location is also probably slightly different, and there
is a possibility of a slight variation in environmental conditions. Figure 8 shows a 1/3 octave
band reverberation time plot with the wall curtains open and closed with the microphone in
the same position as before, seat G107. This result is a bit surprising because the impact of
drawing the wall curtains is in fact less than when there was less volume in the room. This is
the opposite of what was expected, as explained earlier.

Figure 8: Reverberations times with stage curtains open
Next, the microphone was moved to a location on the balcony, seat BB210. Again
measurements were taken with the wall curtains open and closed, and the results are in 9. The
reverberation time is quite similar to that in the center of the orchestra level with the curtains
closed, but there is a small relative increase when they are open. Perhaps this is because more
of the exposed wall is in a direct line of sight from the balcony.
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Figure 9: Reverberation times on the balcony

Several positions under the balcony were tested to see if the shadowing from the
balcony affected the reverberation time. Due to time constraints these were only performed
with the wall curtains open. They showed no notable differences from measurements taken
closer to the stage. An example is shown in Figure 10.

Figure 10: Reverberation time under the balcony
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The next test is a comparison of two very close receiver positions with the wall
curtains open. They were located at the usual enter seat G107 and four seats down at G111.
G111 is off-center, so it is located closer to one exposed wall than the other. As shown in
Figure 11 the curves are close, but the average reverberation time at seat G111 is about 30 ms
longer. This makes sense because a sound field should become less diffuse when
approaching a surface. However, it is also possible that this could just be regular variation
within the room. The number of receiver positions was not sufficient to determine this.

Figure 11: Reverberation times at two close positions

There were also tests of receiver locations very close together in the vertical plane
above the same seat. One such test was carried out at the center G107 seat. The microphone
was positioned both at the usual ear height and at approximately 6.5 feet above the floor.
This height does not matter to the audience, but it is important to see if there is any
significant variation with elevation in order to understand the sound field properly. The result
is in Figure 12. As expected the curves are quite similar with a slight decrease in the average
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reverberation time at the higher position by about 15 ms. Other tests were similar, so it seems
safe to conclude that small changes in height do not significantly affect the measurements.

Figure 12: Reverberation time at different heights

4.2 Simulation Results

Construction of the EASE model of the State Theatre turned out to be the most time
consuming and frustrating component of this project. Due to the difficulties in the completion
of the model there was not sufficient time to take advantage of the full scope of EASE’s
capabilities. However, a functioning model was indeed completed, and several simulations
are presented to demonstrate its usefulness. The simulated data does not quite match the
measured data, but it is in a range that indicates that the model is in working order.
A diagram of the final version of the model is in Figure 13. Additional views and
renderings are available in the appendix. There are several important approximations that
should be mentioned. Perhaps the most conspicuous liberty taken is the exclusion of the stage
area. There was a rough outline of the stage in earlier version of the model, but it was
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removed when it was decided that the measurements would be conducted with the stage
curtains closed. This simplified the model construction because it was unclear how to model
the various hanging curtains and equipment in the backstage area. Unfortunately, in the end
most measurements were taken with the stage curtains open, so this could cause some error
in the simulations. Another potentially problematic approximation was made by ignoring the
angled walls mentioned earlier. The level of precision is not high enough in the rest of the
model to warrant the inclusion of such a subtle feature. They were modeled instead as flat
drywall. However, these walls were designed to fulfill their specific acoustic purpose of
directing the sound, so it seems likely that they would have a real, non-negligible effect in the
theater. Several small barriers in the audience area were omitted because they were below ear
height. The audience areas were also simplified in general because the floor is made out of an
uneven poured concrete slab that is difficult to model with flat surfaces and limited tools. The
remaining features and dimensions in the model were entered with precision to the nearest
tenth of a foot when possible.
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Figure 13: EASE model of The State Theatre

In the EYES child module of EASE there is the capability to calculate approximate
reverberation times using the Sabine or Eyring formulas. It first calculates the room volume
as well as the average absorptive area in each 1/3 octave band. Then it uses the
aforementioned formulas to create a chart and graph of the reverberation times. These values
are independent of position, so there is only one graph for the model. This can be seen in
Figure 14. The range of the curve is quite close to the previous measurements. However, the
reverberation time takes a quicker dip in the 250 Hz – 1 kHz region in this curve. Next the
four largest side wall faces were changed from drywall to heavy velour curtain to simulate
closing the curtains. The recalculated reverberation times are shown in Figure 15. The lowest
frequencies actually have a longer reverberation time because the curtain is less effective at

35

absorbing the low end. Overall, the reverberation times are only slightly lower here, which is
in agreement with the measured results.

Figure 14: Eyring reverberation times with wall curtains open

Figure 15: Eyring reverberation times with wall curtains closed
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A point at (0, -25, 0) feet was chosen to approximate the center seat G107 used in the
measurements. A ray tracing calculation was performed at this location with the curtains
open and closed. Figures 16 and 17 show the results of these simulations with the Sabine and
Eyring formula calculations as comparisons. For both simulations, the values are generally
higher than the formula-predicted values. This is likely a result of the uneven absorption in
the theater. There is a large spike in the curtain-open simulation at 1600 kHz. This is a bit of
a mystery, and it is unclear if this is a real result or the artifact of some quirk in the model.
This will likely need further investigation. Overall, it seems that these ray tracing simulations
predicted slightly higher reverberation times than measured. This could be due to some of the
aforementioned approximations. However, there is a clear picture here that the curtain-open
reverberation time is not significantly higher than the curtain-closed one, despite the audible
differences. This is in agreement with the measurements.

Figure 16: Simulated reverberation times with wall curtains open
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Figure 17: Simulated reverberation times with wall curtains closed

4.3 Error Analysis

In both the measurements and simulations there were many opportunities for error.
Some of the possible sources of error for the measurements were already discussed in
Sections 3.2 and 4.1.1. Another possible source is that there was no system for accurately
marking and measuring the exact positions of the microphones. The only way that the
position was recorded was by seat number. Sometimes microphones were moved back to
positions in which they had previously been, but they could be off by as much as six inches.
As it turned out, this did not matter in the end because there was not a significant variation
with location found.
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A more interesting source of error came from the post-processing of the recorded
impulse responses. EASERA ordinarily displays an impulse response with the time = 0 being
the time when the stimulus signal cuts off. This means that the main impulse will not occur
until a few milliseconds later at the first arrival time, i.e. the time it takes for the direct sound
to travel from the source to the receiver. This can be useful in some applications, but for the
reverberation time it is important to start drawing a best fit slope after the initial impulse, not
after the loudspeaker sound cuts off. This can be done by shifting the arrival time to zero,
which is a built-in function in EASERA. However, this introduces a peculiar side effect. In
many of the reverberation time curves there are large dips at about 200 Hz that could not be
explained. Before the arrival time was shifted, this dip was not present. An example of a
curve before and after shifting is shown in Figure 18. The only apparent explanation is that it
is some artifact of the FFT algorithm used, or some other DSP quirk. Luckily, analysis at
frequencies that low was not necessary for this project, so hopefully there was no real effect
on the results.

Figure 18: Reverberation times before and after shifting the arrival time
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For the EASE model there are several more possible sources of error in addition to
those mentioned in Section 4.2. The biggest issue was entering the geometry of the room
vertex by vertex using architectural drawings. While EASE does have the capability to
import CAD files created in other programs, the original files were not available because
they were the property of the design firm from the renovation process. The set of drawings
that were available was not complete. Most dimensions were not annotated, so many of the
entered coordinates were measured by hand. When measurements were made in reference to
other hand-measured coordinates, small errors built up over time to create troubling
discrepancies. There were also instances when an annotation in one drawing did not meet
that in another, possibly due to different versioning.
There are also a number of parameters for the EASE simulations that were not
optimized due to time constraints. Ray densities, noise levels, and environmental conditions
can all be adjusted to improve the accuracy of calculations. The location chosen for the
simulations was also merely an estimate of the location of the seat G107. But again, this is
likely not a problem because so little variation was observed.
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5. CONCLUSION

Both computer model simulations and physical measurements were conducted to try
to answer the question of how reverberation time measurements vary in a real theater. The
apparent answer is not unexpected. There was very little variation when taking measurements
at different locations in the theater. It did not seem to matter much if the microphone was
under a balcony or not, what height it was at, or if it was on- or off-axis. The biggest
variations were less than 5%. It is true that not a lot of different locations were measured, and
some more extreme locations were omitted, such as the side boxes, the back row, or the seats
directly next to the walls. However, there is strong evidence that there would be little
variation in reverberation time measurements for the bulk of the seating areas of The State
Theatre. By extension, if several measurements are taken in a few locations within a venue
and they agree, it seems likely that the hall will be just as uniform as this theater is. This is
good news for owners and designers who need to know how to characterize the acoustics of
their space.
However, more interesting questions were raised as a result of this project. Not only
was there very little variance measured when changing locations, but it also made little
difference whether the acoustic curtains were open or closed. This was corroborated by the
Schroeder and Eyring equations as well as the ray tracing simulations. This is in spite of the
earlier measurements conducted by the thesis advisor, where the reverberation time varied by
about one half second. This could be because those measurements were conducted before the
final finishes and stage draperies were installed. It could also be a consequence of using an
inferior measurement method. That test measured the decay time after a balloon pop. A much
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more controlled testing environment can be achieved using the methodology described in this
paper. A balloon pop is no longer recommended by the relevant standards, but that does not
mean there are not consultants still using it. This technology is still relatively new. It has only
been a little over a decade that there has been powerful enough portable computing to handle
this digital real-time analysis. The capabilities of EASERA demonstrate that there is now
software to harness this power. The measurement discrepancies revealed by this project make
a strong argument for taking advantage of these updated methods.
The curtains’ small effect on reverberation time is also in spite of the fact that a very
obvious change in the sound of the theater could be detected by the human ear. Clearly there
is something happening in the sound field that the reverberation time metric cannot represent.
Perhaps this is an answer to the question of why much of the recent room acoustics research
has focused on defining and evaluating new metrics. If there is a clear subjective difference,
there must be an objective metric derived from the impulse response that could couple well
to it. There were certainly higher amplitude reflections in the impulse responses when the
curtains were open. Perhaps reverberance of this kind could be better evaluated using an
energy-time curve or some other means of viewing individual prominent reflections.

5.1 Future Work

The project to better understand the nature of sound fields in a performance hall will
continue in the future with another undergraduate student. The work done thus far should
provide a solid set of tools, knowledge, and questions to pursue. The completed EASE model
of The State Theatre will most likely be the most valuable tool. The capabilities of EASE are
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extraordinary, but in the author’s opinion the most time-consuming, if not the most difficult,
part of working with it is creating the model in the first place. The model will likely need
some tweaking, however. Increasing the accuracy of the areas that were simplified as
described earlier would be beneficial. A more careful selection of room materials may also
increase the accuracy of the simulations.
Once the model has been sufficiently updated, there are many more simulations that
EASE could run that could be useful. One task might be to acquire reverberation times for
many more locations in a systematic manner. This would probably be the cheaper and more
efficient way to determine the reverberation time’s variance with location, as opposed to
constructing an apparatus to take many physical measurements at precise locations. Another
simple task would be to explore some of the other acoustic metrics that EASE has built in.
EASE can create color-coded plots on two-dimensional audience areas to show the
distribution of many of these metrics.
For the measurement component, a future student could take a closer look at the
impulse response and other time domain graphs like the energy-time curve. As mentioned
earlier, this could be the better way to characterize the acoustics of a venue such as The State
Theatre, where the reverberation time is not adequately describing the sound. More thorough
and systematic measurements could be taken at more locations as well if a time- and costeffective method to do so is found. Finally, a study of how the sound reinforcement system
affects the perceived acoustics of the room would also be interesting. Could it be that the
variability of the reverberation time is meaningless when there is DSP-produced
reverberation present? Does the loudspeaker coverage improve or worsen the uniformity of
the field?
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APPENDIX A
Sample architectural drawings

Plan view of orchestra and balcony levels
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Side view
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APPENDIX B
Additional EASE model views

Omniview
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Isometric view

Isometric view with vertices displayed
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View from orchestra floor

View from the stage left balcony box
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APPENDIX C
Photographs of the measurement set-up

Microphone

51

Three loudspeaker source configuration

Computer and hardware configuration
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