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The paper presents a case history: the acoustical analysis of a rectangular auditorium. The following acoustical parameters were
evaluated: early decay time, reverberation time, clarity, definition, and center time. The excitation signal was linear sweep sine and
additional analysis was carried out: peak-to-noise ratio, reverberation time for empty and occupied room, standard deviation of
acoustical parameters, diffusion, and just noticeable differences analysis. Conclusions about room’s destination and modeling were
drawn in the end.

1. Introduction

Nowadays, the most important events (conferences, con-
certs) take place in enclosed spaces, where the sound waves
are reflected from the walls, ceiling, and floor, giving birth
to the reverberation phenomenon [1–3]. This phenomenon
can be evaluated subjectively as pleasant (in a concert hall,
it can contribute to spatial sensation for music listeners)
or irritating (in a conference hall, it could be a factor of
unintelligibility of speech).

An objective classification is achieved with acoustical
parameters extracted from the impulse response of the
room [4–7]. Thus, accurate impulse response measurements,
already regulated by ISO 3382 standard, are desired for the
assessment of acoustical properties. In our work, we chose
to measure the impulse response using a linear sweep sine
as excitation and compute the acoustical parameters with
professional software.

The paper is dedicated to the acoustic evaluation of an
auditorium. The acoustical parameters of the room were
computed in several points. The destination of the room was
provided by the analysis altogether with information about
the minimum measurement points.

The paper is organized as follows. Section 2 presents
the objective acoustical parameters used to evaluate the

properties of a room as well as the relation between objective
and subjective (perceptual) parameters. Section 3 describes
the equipment used to evaluate the acoustics as well as the
software for processing the measured samples. Section 4 is
dedicated to the estimation of acoustical properties of the
analyzed auditorium. The last section presents the final
conclusions altogether with the comments related to the
acoustical properties of the auditorium.

2. Evaluated Acoustical Parameters

2.1. Objective Parameters. The acoustical parameter evalua-
tion is based upon the measurement of the impulse response
h(t) and the computation of the energy decay curve (EDC)
[4]:

EDC(t) =
∫∞
t
h2(τ)dτ. (1)

The EDC is the graphical representation of the decay
of the sound pressure level in a room with respect to time,
after the sound source has stopped. It is possible to measure
this decay either after the actual cutoff of a continuous
sound source in the room or derived from the reverse-time
integrated squared impulse response of the room. EDC for
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Table 1: Schultz’s estimated change in RT values.

Frequency (Hz) DT (s)

125 0.510 RT–0.708

250 0.605 RT–0.867

500 0.668 RT–0.929

1000 0.696 RT–0.935

2000 0.694 RT–0.889

4000 0.652 RT–0.752

Table 2: Recommended occupied reverberation times.

Type of music (speech) Recommended RT (s)

Organ music >2.5

Romantic classical music 1.8–2.2

Early classical music 1.6–1.8

Opera 1.3–1.8

Chamber music 1.4–1.7

Drama theatre 0.7–1.0

each octave band is obtained by a backward integration of
the squared impulse response. The impulse response is the
temporal evolution of the sound pressure observed at a point
in a room as a result of the emission of a Dirac impulse
at another point in the room. It is impossible in practice
to create and radiate true Dirac delta functions, but short
transient sounds (e.g., from gunshots) can offer close enough
approximations for practical measurement. An alternative
measurement technique, however, is to use a deterministic,
wide-band signal like a sine sweep and transform the
measured response back to an impulse response. Several
quantities that can be obtained from measured impulse
responses are correlated with particular subjective aspects of
the acoustical character of an auditorium [4].

The reverberation time (RT) is the basic indicator of
acoustical behavior and is the time required for the EDC to
decay by 60 dB. It can be evaluated on a smaller dynamic
range than 60 dB and then extrapolated to a 60 dB decay
time. It is then labeled accordingly. Thus, if RT is derived
from the average slope of the decay in the range between
5 dB and 25 dB below the initial level, it is accordingly
labeled T20. If the range is between 5 dB and 35 dB, then the
corresponding time is labeled T30 [4].

If the RT is measured in an unoccupied room, then
to obtain the value for the occupied one, the following
correction should be made [8]:

RTo = RT−DT, (2)

where RTo is the estimated RT when the enclosure is occu-
pied and DT is the Schultz diffusion time, that is, the esti-
mated change in RT values from the equations (see Table 1)
[8].

Barron [9] lists a range of recommended occupied
reverberation times suited to different types of music or
speech (Table 2).

In Table 2, the value quoted for the RT refers to the mid-
frequency value, averaged at 500 and 1000 Hz. The “optimal”

reverberation time depends on the type and style of the
music [1, 10].

The early decay time (EDT) is defined as the reverberation
time computed by the slope of the decay in the range between
0 and –10 dB on the EDC [3]. The slope is evaluated by a
linear regression line fitted over the appropriate portion of
the decay curve [4]. The EDT is strongly influenced by early
reflections, thus depends on the measuring position and
the room’s geometry. The associated subjective sensation of
reverberation (perceived reverberation) is strongly correlated
with EDT. The EDT is expected to have the same value as
the reverberation time for a room exhibiting perfectly linear
decay.

Clarity index (Cte) is an early-to-late arriving sound
energy rati

Cte = 10 · lg

[ ∫ te
0 h2(t) · dt∫∞
te h2(t) · dt

]
, (3)

where te is the early time limit, specified to be either 50 ms
or 80 ms; C80 is usually considered relevant for music, C50

for speech. The value for C80 is obtained as the average of the
500 Hz, 1000 Hz, and 2000 Hz values. It can range from small
positive numbers for a dead room to small negative values for
very reverberant spaces. Generally, the optimal value of C80

for orchestral music is between 0 to −3 dB and for singers it
is between 1 and 5 dB [11].

Definition (D50) measures the early to total sound energy
ratio. D50 is mostly used for the speech case:

D50 =
∫ 50 ms

0 h2(t) · dt∫∞
0 h2(t) · dt [%]. (4)

It is evaluated in the 4 octave frequency (500 Hz, 1000 Hz,
2000 Hz, 4000 Hz) and should have values above 50% for
good speech intelligibility [12].

The center time (Ts) corresponds to the center of gravity
of the squared impulse response:

Ts =
∫∞

0 t · h2(t) · dt∫∞
0 h2(t) · dt [s]. (5)

Ts avoids the discrete division of the impulse response into
early and late periods [4]. For speech, the desirableTs is in the
range of 60 ms–80 ms in the 4 relevant octave bands (500 Hz,
1000 Hz, 2000 Hz, and 4000 Hz). For music, the desirable Ts

is in the range of 70 ms–150 ms in the 1000 Hz octave band
[12].

2.2. Relation between Objective and Subjective Parameters.
Subjective studies of the acoustic characteristics of auditoria
have shown that several quantities that can be obtained from
measured impulse responses are correlated with particular
subjective aspects of the acoustic character of an auditorium.
While the reverberation time is a fundamental description of
the acoustic character of an auditorium, the other quantities
provide additional information on the acoustic conditions
in the auditorium. Albeit dozens of additional acoustical
descriptors have been defined, here only the parameters
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Table 3: Acoustical parameters and their JND values.

Subjective listener aspect
Acoustical
parameter

Just noticeable
difference (JND)

Perceived reverberance EDT 5%

Perceived clarity of sound
Clarity C80 1 dB

Definition D50 5%

Ts 10 ms

that have been found to be subjectively important and that
can be obtained directly from integrating impulse responses
are considered [4]. The just noticeable difference (JND) is
the smallest change in a parameter that is necessary for a
human to detect a difference. Table 3 presents the analyzed
parameters and the associated JND values [4]. These values
are computed at the midrange frequency (average at 500 Hz
and 1000 Hz).

3. Measurement Setup and Software

The acoustical parameter evaluation requires the following
steps:

(i) Measure the room impulse response h(t)—in our
experiments the following equipments were used.

(a) an omnidirectional microphone (PCB 130D20),
having a diaphragm diameter of 7 mm (accord-
ing to the ISO 3382, the microphone should
have a maximum diaphragm diameter of
13 mm);

(b) a B&K omnidirectional sound source type 4295
(dodecahedron loudspeaker);

(c) a B&K audio power amplifier, rated at 100 W
RMS, stereo, type 2716-C;

(d) a laptop, incorporating a Soundmax Integrated
Digital Audio sound card from Analog Devices.

(ii) Measure the RT using the Delta Ohm HD 2010 sound
lever meter/real-time spectrum analyzer, with the
associated Delta Log 5 software that measures the RT
values in octave frequency bands.

(iii) Estimation of the acoustical parameters—the pro-
cessing of measurements was done with the B&K
Dirac software.

4. The Evaluation of Acoustical Parameters in
the Auditorium

4.1. The Evaluated Points and Setups. The analyzed room is
an auditorium of the Technical University of Cluj Napoca
(Romania), with the volume of approximately 1326 m3, the
walls are covered with absorbing materials as wood and
plexiglass. The auditorium plan is presented in Figure 1. The
furniture consists of wooden benches and seats; there are
about 300 seats in the hall. The room was newly arranged

Table 4: Standard deviation of PNR (a) the source situated in S1
and (b) the source situated in S2.

(a)

Frequency (Hz)
Average value

PNR (dB)
Standard deviation

PNR (dB)

125 44 2

250 49 2

500 52 2

1000 54 3

2000 59 3

4000 60 1

(b)

Frequency (Hz)
Average value

PNR (dB)
Standard deviation

PNR (dB)

125 42 2

250 49 1

500 52 2

1000 53 3

2000 58 2

4000 60 1

as an auditorium; previously it was a sport room, so the
acoustics had to be checked and if possible improved.

The impulse response measurements were performed
using the instruments listed in the previous section and a
2.97 s linear sweep sine signal was applied. The advantages
of the omnidirectional loudspeaker sound source measuring
method are the omnidirectionality corresponding with ISO
3382 standard and good repeatability as well as ecological
efficacy. The loudspeaker was placed at 1.50 m height above
the floor in two positions: S1 and S2, indicated in Figure 1
by white large circles. The RT was also evaluated using
a phonometer. The measurements were done in 15 spots
pointed out by small white circles in Figure 1. The micro-
phone was placed at a height of 1.2 m above the floor in the
audience seat locations to respect the ISO 3382. In every spot,
5 measurements were made with both source positions and
the resulting values are means of the measurements. The data
processing was executed with the programs Dirac and Delta
Log 5 (for phonometer).

4.2. Peak-to-Noise Ratio Analysis. The Peak-to-noise ratio
(PNR) is defined as the difference between the maximum
peak impulse response level and the root mean square (RMS)
noise level, in dB. It reflects the decay range, which according
to ISO 3382 should be at least 35 dB or 45 dB for accurate
determination of T20 or T30, respectively. Next to a visual
inspection of the impulse response, the PNR can be used to
judge the quality of a recording. Table 4 presents the PNR
values for the analyzed samples for two source position.

The average value of the PNR at 125 Hz is below 45 dB,
value imposed by the ISO 3382 standard for T30 measure-
ments. But due to the fact that the parameters are significant
for frequencies above 500 Hz and for these frequencies PNR
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Figure 1: The plan of the auditorium.

Table 5: Standard deviation of reverberation time measured with
an omnidirectional loudspeaker (a) the source situated in S1 and
(b) the source situated in S2.

(a)

Frequency
(Hz)

Average
value RT (s)

Standard
deviation RT (s)

125 2.949 0.148

250 3.017 0.095

500 2.19 0.034

1000 1.944 0.042

2000 1.776 0.035

4000 1.498 0.035

(b)

Freq
(Hz)

Average
value RT (s)

Standard
deviation RT (s)

125 2.975 0.163

250 3.026 0.137

500 2.187 0.048

1000 1.949 0.044

2000 1.771 0.025

4000 1.475 0.023

exceeds 50 dB, the acoustical evaluation of the room may be
accomplished.

4.3. The Standard Deviation of Acoustical Parameters. The
standard deviation of reverberation time was determined to
provide a measure of accuracy and the spatial variance of the
reverberation time. Their values are presented in Tables 5 and
6, using the omnidirectional loudspeaker or the phonometer.

Table 6: Standard deviation of reverberation time measured with
the HD 2010 SLM for the source situated in S1.

Freq
(Hz)

Average
value RT (s)

Standard
deviation RT (s)

125 3.048 0.158

250 3.028 0.088

500 2.144 0.039

1000 1.945 0.028

2000 1.829 0.022

4000 1.569 0.017

It is remarkable that the values of standard deviation from
Tables 5 and 6 never exceed 1 JND, being around 2% at
500 Hz and 1000 Hz.

The standard deviation analysis for the other acoustical
parameters for the same frequencies, 500 Hz and 1000 Hz, is
presented in Tables 7, 8, 9, 10, 11, 12, 13, and 14. The 0.00
value from Tables 9, 11, and 12 denotes a standard deviation
below 0.01. None of the measured values from Tables 7–14
exceeds 1 JND.

4.4. Estimation of the Reverberation Time in the Occupied
Room. Using relation (2) one can estimate the occupied
reverberation time: RTo = 1.59 s independently of the source
position or evaluation equipment. The value of RT places the
auditorium in the category of rooms which are designed to
opera and chamber music events. It is generally considered
tolerable, if not favorable, to have an increase of the RT in
the low frequency range (below 500 Hz). On the other hand,
there are several concert halls with RTs which do not increase
at low frequencies or which even have a slightly decreasing
RT and are considered to be excellent from an acoustical
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Table 7: Standard deviation of EDT for the source situated in S1.

f (Hz)
Standard deviation EDT (s)—S1

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

500 0.002 0.014 0.008 0.028 0.003 0.012 0.012 0.017 0.007 0.004 0.005 0.009 0.008 0.009 0.004

1000 0.001 0.002 0.008 0.081 0.006 0.005 0.008 0.014 0.007 0.003 0.001 0.02 0.005 0.005 0.009

Table 8: Standard deviation of EDT for the source situated in S2.

f (Hz)
Standard deviation EDT (s)—S2

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

500 0.005 0.011 0.005 0.004 0.002 0.006 0.005 0.009 0.008 0.006 0.005 0.006 0.005 0.007 0.009

1000 0.004 0.007 0.003 0.007 0.015 0.006 0.015 0.015 0.006 0.008 0.01 0.007 0.01 0.004 0.014

Table 9: Standard deviation of C80 for the source situated in S1.

f (Hz)
Standard deviation C80 (dB)—S1

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

500 0.01 0.02 0.01 0.03 0.03 0.02 0.01 0.07 0.02 0.01 0.01 0.02 0.01 0.02 0.01

1000 0.01 0.01 0.02 0.08 0.01 0.02 0.03 0.05 0.05 0.05 0.04 0.02 0.04 0.00 0.04

Table 10: Standard deviation of C80 for the source situated in S2.

f (Hz)
Standard deviation C80 (dB)—S2

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

500 0.01 0.03 0.01 0.02 0.01 0.01 0.04 0.04 0.02 0.03 0.01 0.03 0.08 0.03 0.02

1000 0.02 0.02 0.01 0.03 0.01 0.01 0.09 0.05 0.03 0.03 0.03 0.03 0.02 0.04 0.03

Table 11: Standard deviation of D50 for the source situated in S1.

f (Hz)
Standard deviation D50 (%)—S1

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

500 0.00 0.00 0.00 0.01 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00

1000 0.00 0.00 0.00 0.01 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00

Table 12: Standard deviation of D50 for the source situated in S2.

f (Hz)
Standard deviation D50 (%)—S2

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

500 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00

1000 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00

Table 13: Standard deviation of Ts for the source situated in S1.

f (Hz)
Standard deviation Ts (ms)—S1

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

500 0.1 0.5 0.2 1 0 0.3 0.4 0.3 0.2 0.1 0.3 0.2 0.3 0.2 0.1

1000 0.1 0.1 0.2 1.8 0.1 0.2 0.2 0.3 0.5 0.4 0.1 0.9 0.1 0.2 0.3

Table 14: Standard deviation of Ts for the source situated in S2.

f (Hz)
Standard deviation Ts (ms)—S2

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

500 0.3 0.3 0.1 0.1 0.1 0.1 0.2 0.6 0.1 0.4 0.3 0.2 0.1 0.5 0.2

1000 0.1 0.2 0.1 0.5 0.5 0.1 0.4 1.1 0.2 0.4 0.4 0.4 0.4 0.4 0.2
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Figure 2: Measured acoustical parameters in the microphone positions and their JND values (indicated by error bars) for (a) the S1 source
position and (b) the S2 source position.

point of view [1]. For speech, a decrease of RT is desirable
in this frequency range [9, 12]. Due to the increased values
of reverberation time at low frequencies (below 500 Hz), a
“warmth” sensation for music will appear in this auditorium.

4.5. Diffusion Analysis. The diffuseness or directedness of
enclosures is indicated by EDT/T30 ratio at mid frequencies.
For the audience, a lack of diffusion may be heard as poor
balance and blend between the various sections [9]. In
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Figure 3: Decay curves for (a) the 2nd microphone position and (b) the 13th microphone position.

Table 15: EDT/T30 ratio for the source situated in S1.

Microphone
position

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

EDT/T30 0.91 0.85 0.83 0.98 0.93 0.91 1.03 0.92 1.02 1.04 1.04 1.13 1.14 1.09 1.14

Table 16: EDT/T30 ratio for the source situated in S2.

Microphone
position

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

EDT/T30 0.94 0.85 1.01 0.90 0.98 1.10 1.00 1.09 1.04 1.01 1.00 1.06 1.08 1.08 1.10

a highly diffuse hall, where the decay is completely linear, the
EDT/T30 ratio tends to have a value close to 1, that means
that EDT and RT are almost equal [9, 13]. The mean value
of EDT/T30 gives a global evaluation of the diffuseness or
directedness. Good diffuseness is obtained when the mean
EDT/T30 ratio takes values between 0.8 and 1.1 [13]. In the
case of the auditorium, the mean EDT/T30 ratio for S1 is
0.9973 s and for S2 is 1.0160 s (almost ideal values).

Particularly, using the microphone positions dependent
EDT/T30 ratio, one can determine prominent directional or
diffuse locations. Regarding to the spatial variation of EDT
(Figure 2), a general conclusion can be made: where the EDT
has maximal values, the locations are diffuse (the EDT/T30

values are close to 1.1), whereas minimal values indicate a
directional sound field. This assertion can be made due to
the relative constant spatial RT. Tables 15 and 16 present
EDT/T30 ratios for both source positions. From the tables
one can conclude that the auditorium is diffuse and does
not have excessively directional spots (the ratio is above 0.8).
Three excessively diffuse locations were found for the S1
source position (12, 13, and 15) and for S2 position a single
location was identified.

In a directed design in which early sound is reflected
into the audience, where a sagging decay is obtained, the
EDT/T30 ratio tends to be lower than 1. Ballooning decay
indicates an EDT/T30 ratio that exceeds 1, so the enclosure is
described as excessively diffuse [13, 14]. Figure 3(a) presents
the decay curve for the 2nd microphone position, where

EDT < T30 reveals a sagging decay. Figure 3(b) indicates the
decay of the 13th microphone position where EDT > T30

exposes a ballooning decay at 500 Hz. The slope of the EDT
is presented by a parallel dashed line to the decay curve.

4.6. JND Analysis. Accurate evaluation of acoustical param-
eters can be achieved with the examination of spatial
variations as well as their JND values. It is a useful way to
model the room acoustics using reverberators. Reverberators
are spatial effect generators [15]. Because we cannot build
a reverberator for every point in the measured space, one
have to try to reduce the implementation complexity using
the JND terms.

Let us recall Figure 2 to illustrate the acoustical parame-
ters and their JND values for mid-frequency range (average
500 Hz and 1000 Hz) and also two offset values marked
with error bars, one with the measured values +JND, the
other is the measured value −JND. This plots make it easy
to understand if the spatial variation of the parameter is
significant or not as well as their perceptually aspects. The
EDT and Ts are correlated, whereas EDT is inverse correlated
with C80; similar results were found in [9, 13]. The sensitivity
of the acoustical parameters to the source positions at mid
frequencies are observed by comparing the two columns of
Figure 2.

(i) For T30, one cannot found any locations where
the variations exceed 1 JND for the two excitation
locations;
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(ii) EDT has a variation that exceeds 1 JND for the
following locations: 1, 3, 4, 5, 6, 8, 12, and 13;

(iii) C80 has a variation that exceeds 1 JND for the
following locations: 2, 9, and 12;

(iv) D50 has a variation that exceeds 1 JND for the
following locations: 1, 2, 3, 4, and 9;

(v) Ts has a variation that exceeds 1 JND for the following
locations: 1, 2, 6, 8, 9, and 14.

For the auditorium, the center time is the most sensitive
acoustical parameter and the clarity is the least sensitive with
respect to the excitation source position.

An enhanced evaluation and analyses are obtained by
pairing of acoustical parameters based on perceived rever-
beration and clarity. One can try to identify a number of
regions in the room where EDT and clarity are the same (the
variation of the acoustical parameters not exceeding 1 JND)
(Figure 2). This can be achieved separately for S1 and S2 or
together for the two source positions.

Considering the source placed in S1, one can find
11 regions with the same subjective reverberation and
clarity sensation. To model these acoustical features, 11
reverberators are necessary instead of 15 (the total number
of considered measuring positions); this means a reduction
of 26.66%.

If the source is placed in S2, we obtained 9 regions with
the same subjective reverberation and clarity sensation. In
this case, the acoustical modeling will require 9 reverberators
instead of 15, that is, a reduction of 40%.

If we want to consider the source placed to S1 or S2,
we obtained 12 regions, so a reduction of the necessary
reverberators is of 20%.

One can observe that the reduction in this last case
is lower than in the previous cases. This is due to the
huge acoustical differences between samples of regions, for
instance, the samples situated at the front of the hall with
respect to the end ones.

5. Conclusions

The paper presents the acoustical evaluation of an audito-
rium using an omnidirectional loudspeaker for sound source
and linear sweep sine signal for excitation. The hall was
evaluated for 2 source positions. For the evaluation of the
reverberation time, a phonometer was also used for one
source position. We did not detect important differences
between the reverberation times determined in the 2 source
positions with the omnidirectional loudspeaker and with the
phonometer. We made 5 measurements in each spot to check
the repeatability. Notable standard deviation differences were
not found.

Taking into account the values of the reverberation time,
the possible destination of the room is for opera and chamber
music events. The auditorium has poor acoustical properties
for speech events (like lectures, courses). At the same time,
the hall has many diffuse locations.

Using 2 subjective criteria (the perceived reverberation
and clarity), a number of 11 and 9 perceptively identical
locations were found for individual source position and 12

locations if the sources are considered together. This fact
indicates the possibility of acoustical model optimization.
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