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Abstract: Impulse responses in a hall were calculated by the finite-difference time-domain (FDTD)
method, and typical room acoustic parameters were obtained from the responses. The calculated
parameters were compared with those actually measured in the hall. In the FDTD calculation, the
impedance boundary condition was modeled by an equivalent mechanical system comprising masses,
springs, and dampers. To calculate the impulse responses, the normal acoustic impedance of the
interior finishing materials of the various surfaces in the hall were measured by applying the
impedance-tube method, and the model of the room boundary condition was determined for the
respective parts. A comparison between the calculated and measured values showed that the values of
reverberation time RT, definition Ds, clarity Cgg, and center time Ty were in good agreement in the
middle-frequency bands. However, in low-frequency bands, large discrepancies were observed

because of the difficulties in determining and modeling the boundary conditions.
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1. INTRODUCTON

In recent years, several wave-based numerical analysis
methods have been developed, and they are being widely
applied to various types of acoustic problems. Heretofore,
in room acoustics, because of the limitations of computing
power, geometry-based numerical methods represented by
ray-tracing, cone-tracing, and image-source methods were
developed and applied to the sound field analysis of rooms
with large spaces. However, recently, the efficiency of
computers has significantly increased and computation cost
has been considerably reduced. Furthermore, advanced
high-efficiency, high-speed calculation methods are being
developed in accordance with the progress in of hardware
technologies [1-4]. Under such circumstances, it is
becoming feasible to apply wave-based numerical analysis
methods to room acoustics. Among the numerical methods,
the authors have been investigating the application of the
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finite-difference time-domain (FDTD) method to room
acoustics and outdoor sound prediction [5-7]. In this study,
room impulse responses in a real hall with a volume of
1,600m*® were calculated by the FDTD method. In a
preceding study on estimating impulse responses in a real
hall using a wave-based numerical analysis, Yokota et al.
carried out the FDTD analysis for a small concert hall and
compared the calculation results with in-sitfu measurement
results [8]. In their research, the absorbing boundary
condition of the room surfaces was roughly dealt with by a
single value of normal absorption coefficient for each part
of the surface. In order to deal with the absorbing boundary
condition in a real hall more precisely, in this study, a
mechanical equivalent impedance model in which the
boundary condition is modeled by an equivalent system
comprising masses, springs, and dampers was applied.
Here, the numerical system parameters of the masses,
stiffness and resistance of the mechanical equivalent
impedance model were determined from the normal
acoustic impedance data actually measured for the interior
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finishing materials used in the hall; the measurement was
performed by the impedance-tube method. From the
calculated impulse responses, the representative room
acoustic parameters—reverberation time RT, definition
Dsq, clarity Cgo, and center-time Ts—were calculated and
compared with the measurements obtained in the real hall.

2. CALCULATION OF ROOM IMPULSE
RESPONSES BY FDTD METHOD

2.1. Basic Equations

Under the assumption that air is completely at rest and
sound does not lose energy during its propagation, a sound
wave in a three-dimensional (3D) field is expressed by the
following partial differential equations.

p-0u/ot+0op/ox=0 ¢y
p-0v/ot+dp/dy =20 @

® Sound pressure is defined
o-0w/ot+ dp/oz=0 3)

1 Particle velocity is defined
op/ot + k(0u/ox + dv/dy + ow/dz) = 0 “4)

Fig.1 3D staggered grid system used in the FDTD calculation.
Here, p denotes the sound pressure; u, v, and w, the

particle velocities in rectangular coordinates; p, the density

of air; and «, the volume elasticity of air.

In the FDTD Yee algorithm, the differential terms in
Egs. (1) to (4) are transformed into discrete terms by
adopting the staggered-grid system. In this study, each
spatial differential term is approximated by a finite differ-

ence with multiple reference points in order to improve the
approximation accuracy. For example, a first-order spatial
differential term of p in the x-direction at grid point x = a
is approximated by the values at 2M points in a staggered
grid, as shown in the following equation [9].

ipla) & L pla+ (m+1/2)Ah) — pla — (m + 1/2)Ah)
= mg;){cm ;(2l+ 1)c,“ = 5)
132 2
G, = 1yt @M — DM + 1) QM + 1)! ©
2M-m)+ 1}y m!CM —m+ 1)!

Here, Ah denotes the spatial interval of the reference points.
When applying Eq. (5) to a 3D sound field by adopting the staggered-grid system, as shown in Fig. 1, the discrete

system equations for Egs. (1) to (4) are expressed as

At E
Wi+ 1/2,),00) = W'+ 1/2,j,k) - A D Dulp" i+ m A+ 1, k) = p" A= m, j ) )
m=0
1 . AZM 1/2,: ‘+1/2..
VG 1200 = G+ 12,0 = Y Dalp™ R m 1) = G = ) ®)
m=0
+l . nes s At S n+1/2.: n+1/2,. -
WG,k +1/2) = w'G, jk+ 1/2) — EZDM{IJ G, ok +m A4 1) — p" 123, j, k — m)) ©9)
m=0
n+1/2.: - n—1/2,. - KAt u nee : nes .
)4 i,j,ky=p (z,],k)—ﬂ ZDm{u (+m+1/2,1,k)—u'(i—m—1/2,j,k)}
m=0
M
+ Y Dpft"(ij+m+1/2,k) = V"G, j —m — 1/2,k)) (10)
m=0

m=0

M
+ ) Dulw'Gjk+m+1/2) — w'(, jk —m - 1/2)}]
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2.2. Sound Source Condition

To simulate an impulsive sound source, a sound
pressure distribution with a smooth profile, which is
expressed by the following exponential function, was
adopted as the initial condition for the calculation (see
Fig. 2).

2,20 .2
M} (12)

p(x,y,2) = exp{— AR

Here, (x, y, z) is the set of relative coordinates of the
grid point at which the center point of the impulse source is
the origin; A, the coefficient that prescribes the width of the
initial impulse source; and Ah, the discrete spatial grid
size. In this study, the values selected for A and Ah were
3.0 and 0.06 m, respectively. Under these conditions, the
impulse source possesses the spectral characteristic shown
in Fig. 3; the spectral component increases with frequency
up to approximately 1kHz and then it falls steeply;

Fig.2 Spatial sound pressure distribution of the impulse
source used in this study.
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Fig.3 Spectral characteristic of the impulse source used
in this study (A = 3.0 and A% = 0.06 m in Eq. (12)).
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however, four octave bands at the center frequencies of
125Hz, 250 Hz, 500 Hz, and 1 kHz, which are investigated
in this study, are included in the spectral characteristic. To
correct the spectral characteristic of the impulse source, the
results calculated by the FDTD method were corrected by
an inverse-filtering technique, as described below.

2.3. Correction of Spectral Characteristic of Impulse
Source

To correct the spectral characteristic of the impulse
source, first, a linear phase FIR band pass filter with a
frequency range from 88 Hz to 1.414kHz was designed.
Figures 4(a) and (b) show the impulse response and spectral
characteristic of this filter, respectively. The inverse filter
required to correct the impulse response calculated using
the impulse source was based on this filter and was obtained
by a deconvolution operation, as shown in Figs. 5(a) and
(b). By performing a convolution operation between the
calculated impulse response and the impulse response of
the inverse filter, the impulse response, under the
assumption that the source has a flat spectral characteristic
in the required frequency range, can be obtained.

2.4. Modeling of Impedance Boundary Condition

For the boundary condition in wave-based numerical
analyses, the normal acoustic impedance of the boundaries
is generally provided in a complex form and the reflection
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Fig.4 Impulse response (a) and spectral characteristic
(b) of the FIR band-bass filter for correcting the
spectral characteristic of the impulse source used in
this study.

Relative level [dB]

Sound pressurc

| il o
-20 0 20 100 1000 101
Time [ms] Frequency [Hz]

Fig.5 Impulse response (a) and spectral characteristic
(b) of the inverse filter.
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at the boundaries is calculated under the assumption that
local reactions occur. When using frequency-domain
numeral techniques, such as the finite-element method
(FEM) or boundary-element method (BEM), the character-
istics of the frequency-dependent surface impedance can be
directly reflected in the calculation by considering the
value of surface impedance for the respective frequencies;
on the other hand, in the case of the FDTD method, it is
crucial to know how to deal with the frequency character-
istics of the room boundaries. When the boundaries have a
simple construction comprising porous material and air
space, a relatively simple FDTD scheme is applicable, in
which the sound absorption characteristic can be controlled
by adjusting the acoustical parameters of the medium, such
as density, sound speed, and flow resistance [10]. In this
model, the physical parameters that affect sound absorption
can be directly reflected in a numerical analysis, and
therefore, the physical meaning is clear. However, in this
method, the inner space of the absorbing wall must be
divided into grid cells, and therefore, the required memory
size increases. Chiba et al. have proposed another model-
ing method to simulate the boundary condition of finite
impedance by applying an RCL electrical equivalent circuit
[11]. This method has the advantage that a frequency-
dependent normal impedance can be included in the FDTD
calculations with a relatively small computer memory size.
Similarly, in this study, the normal impedance is modeled
by applying an equivalent mechanical system [12], as
described in the next section. The impedance model
adopted in this study is based on the same concept as the
above method of applying the RCL circuit in the sense that
the boundary is substituted with the other simple equivalent
system, but the substituting systems are physically different
each other.
(1) Modeling of normal acoustic impedance

A room surface with finite impedance is modeled using
mechanical elements, mass, stiffness, and resistance, as
shown in Fig. 6(a). For simplicity, this figure shows a one-
dimensional (1D) sound field; mass m; with area S is
assumed to be moved by sound pressure p, which is applied
to the surface of the mass. In this case, the momentum
equation for the mass is expressed as

82)61 8x1

+ ¢ — + kix;.

S =m —
P ™ o2 ot

(13)
Here, x; is the displacement of mass m; k;, the
stiffness of the spring; and ¢, the resistance coefficient of
the mechanical system. To simplify the expression, the
parameters included in Eq. (13) are normalized by the area
S; that is, my’ = my /S, ky/ = k/S, ¢i' = ¢1/S:
' 32X1 8x1

p=m1-ét7+c/—+k’1x1.

Y (14)

mass, m;

tiffness, k
Area. S | | Sound pressure, p / ) !
T 1}—presistance constant, ¢
X1

X

(a) An equivalent system

s Real part

2

Vlmaginary part

=]

Frequency

Normal acoustic impedance

(b) Modeled characteristics of normal acoustic impedance

Fig. 6 Equivalent mechanical system with one degree
of freedom simulating a room surface of finite
impedance.

When dealing with a sinusoidal sound pressure of
angular frequency w, Eq. (14) is transformed to:

(15)

The relationship between particle velocity #; and dis-
placement x; is expressed by Eq. (16) and the normal
acoustic impedance z on mass m; is expressed by
Eq. (17).

p = (—m)o” + jc\o + kDxy.

16)

an
Uy

/
=L = | +j{m’1co — l&}

®
In this case, the frequency characteristic of the normal
acoustic impedance is relatively simple. As shown in
Fig. 6(b), the real part of the modeled normal acoustic
impedance has a constant value of ¢;’ and the imaginary
part increases monotonically with increasing frequency.
The normal acoustic impedance for many realistic room
boundaries usually has more complicated frequency char-
acteristics. Therefore, in order to cope with such a case,
a more complicated equivalent mechanical system with
two degrees of freedom, as shown in Fig. 7, is considered
[12]. In this system, we have the following momentum

equations.

Fig.7 Equivalent mechanical system with two degrees
of freedom simulating a room surface of finite
impedance.
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When dealing with a sinusoidal sound pressure of

8%x 8
p= m/1 721 +c e 4 1(x1 — x2) (18) angular frequency w, Egs. (18) and (19) are transformed as
2 o, follows:
X5
Ki(x1 —x) = mh) — %) + ¢y — Py + kyx, (19) p = (—mja? + jciw + KDx; — Kjx (20)
’ r 2 ./ /

Here, x; and x, are the displacements of masses m, kix) = (=myo” + joyo0 + k) + kp)xo @21
and my, respectively. Here, m;’ = m/S, my = my/S, From Egs. (16), (20), and (21), the following expres-
ki' =ki/S, k' = ky/S, ¢’ = ¢1/8, and ¢’ = ¢»/S. sion is obtained for the normal acoustic impedance.

k¢ K, K)? —w*mly + K, + K
Z=£:0/1+ 5. 1 /12/ 2 2/2+j|:(wmll_—l)+(l) 2./ 2/ 1/22 2/2] (22)
U {—?m) + (k] + Ky} + o’} w o {—w'my + ki + Ky} + wics

The frequency characteristic of Eq. (22) is considerably more complicated in comparison to Eq. (17). This implies that
a normal acoustic impedance with a complicated frequency characteristic can be simulated by properly selecting the values
of parameters m,’, my’, ki, ko, ¢1’, and ¢5’.
(2) FDTD calculation method adopting the impedance model

The impedance model obtained from the above-mentioned equivalent mechanical system with two degrees of freedom
was adopted in the FDTD calculation scheme in this study. Figure 8 schematically shows the method for setting the
mechanical system on a room surface of finite normal acoustic impedance. The figures are described in two dimensions for
simplicity. For each grid cell (L, M, N) on the room boundary having a normal vector (ny, ny, n,), one equivalent
mechanical system is allotted and the displacements of the masses, x; 7,y n and xp 1y, are defined in the respective
directions of the normal vector. ‘

The momentum equations expressed by Eqs. (18) and (19) are transformed into discrete equations by using central
finite differences, as follows:

Y2 pntl2 el 3212
ntl/2 LLMN LLMN T X1 LMN 4ol TLLMN T RLMN e o1/ n) 23)
PLyn =M AL ‘1 AL + kO LN — XL (
T2 kl/2 el o2 el
K (YR 2y T2LMN X LMN T X2 L MN L XL MN ~ Yo LN L2 (24)
1Y oLmuN ~ X2 LMN 2 AR i AL 2X0,LMN

From Egs. (23) and (24), the displacements X1mn and xp 7 N are expressed as

n+3/2 Atz n+l/2 k/ AZ' n+1/2 —m'l + c'lAt/Z xn_l/z k/IAlz xn+1/2 (25)
LLMN = ml +C AL‘/2 Prun 1+ /Al/z XLLMN mll +C/1At/2 LLM.N m/l +C/1At/2 2,LLM.N
PEMN Tty 4 ) A2 TN Ty clAt/Z PEMN Tl + ¢ Arj2 TR

The particle velocity in the normal direction of the
surface at the time step of n+ 1, uj; MN, is obtained by
the central difference approximation from the dis-
placements xj;any at the time steps of n+3/2 and

n+1/2. NN
n+3/2  _nt+l/2 bl Bl B )
S _ XILLMN T XLLMN @27 olole| e |
WL MN = At 1 W
L] [ ) [ ] L] L]
: 143 n+1 71
The particle velocities, u;Ti,uyn> Vipt1ons and oo | o |o|e]|e
w’L’fg,}’N +1/2 are obtained as individual components in the e lolelelelas
x, y and z directions of u"]}, . respectively. \
n+1 n+1
Urii2mMN = Bx " Uyp yn (28)
n+1 ntl
VpM+128 = Ty ”nLMN (29)
n+1 n+1 Fig.8 Arrangement of the equivalent mechanical sys-
Wy MN+172 = T Uny N (30) 8 g q Y

tem on the room boundary.
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3. COMPARISON OF RESULTS OF FDTD
CALCULATION AND MEASUREMENTS

To examine the applicability of the FDTD calculation
method with the impedance model, the impulse responses
and major room acoustic parameters were calculated for a
real hall. For this calculation, the normal acoustic impe-
dance of the interior finishing materials used in the hall was
measured by the impedance-tube method. The calculation
results were compared with the measured results for the
hall.

3.1. Hall under Investigation and Discretization in
FDTD Calculation

Figures 9(a) and 9(b) show the plan and cross section
of the hall investigated in this study, respectively. The hall
has a room volume of 1,600m>® and 257 audience seats.
The entire surrounding wall is smoothly curved, and a
sequence of sound diffusers with a triangular section are
attached to the side walls. The sound field in this hall was
discretized using the Cartesian grid system with grid size
Ah = 0.06m. The curved and oblique surfaces were
approximated as zig-zag shapes. In reality, the entire
surrounding wall is covered with aluminum ribs with
dimensions of 0.05m x 0.1 m at intervals of 0.1 m; how-
ever, these ribs were ignored in the calculation because
their dimensions are too small compared with the grid size
adopted in this study. Under these conditions, the room
impulse responses from a sound source set on the stage at
ten receiving points in the audience area were calculated.

3.2. Characterization of Room Boundary Condition

To set the room boundary condition in the FDTD
calculation, the normal acoustic impedance of each
absorptive interior finishing material of the hall was
measured. The samples of the materials used in different
parts of the hall—the side and back walls, floor, ceiling,
and several parts of the chairs—were preferred specimens
(Fig. 9), and the normal acoustic impedance of each
specimen was measured up to 1,600Hz by the impe-
dance-tube method, using an impedance tube (BK 4206)
with a diameter of 100mm, and the transfer-function
method specified in ISO 10534-2. The measured values of
the normal acoustic impedance and the normal incidence
sound absorption coefficient for the different parts of the
hall are shown by solid lines in Fig. 10.

On the basis of these measurement results, the
parameters in the impedance model for the FDTD
calculation—m;’, my’, c¢i’, ¢/, ki, and ky’—were deter-
mined for each material such that the frequency character-
istic of the hypothetical normal acoustic impedance
calculated by Eq. (22) and the normal sound absorption
coefficients calculated from the normal acoustic impedance

I Back of a chair

'&\/A\‘ 1
R AV A

>

el
jos]

™ (b) SECTION

“]indicates parts of which the normal
impedance was measured.

Fig.9 Convention hall under investigation.

showed a good fit with the measurement results. The values
of the respective parameters thus determined for each part
and the modeled impedance and absorption coefficient
characteristics are shown in Table 1 and in Fig. 10 (by
dotted lines). As shown in the figures, the frequency
characteristics of the normal acoustic impedance and sound
absorption coefficient for the different parts could be
roughly simulated by the impedance model.

However, as shown in Figs. 10(c) and 10(g), at low
frequencies, considerable differences are observed between
the measured and the modeled characteristics of the normal
acoustic impedance. These differences are caused by the
mechanical elements owing to the limitation of the
impedance model.

3.3. Comparison of Calculated and Measured Impulse
Responses and Acoustic Parameters

Band-limited impulse responses in the frequency range
from 88 Hz to 1.414 kHz, which include four octave bands
of 125Hz, 250Hz, 500 Hz, and 1kHz, were obtained from
the results of the FDTD calculation and the field measure-
ment. In the field measurement, the impulse responses were
measured in the hall for the same sound source and
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Fig. 10 Normal acoustic impedance and absorption coefficient of different parts of the boundary of the hall.

receiving positions by applying the swept-sine method. For
this measurement, a dodecahedral loudspeaker was placed
on the stage at a height of 1.5m and a (1/2)-inch
omnidirectional microphone was placed at each receiving
point at a height of 1.2 m above the floor. Four examples of
the comparison between the echo diagrams of the calcu-
lated and the measured values—front seat, R3; back seat;
R9, middle seats, R5 and R7—are shown in Figs. 11(a) to
(d). These echo diagrams were obtained by passing the
impulse response signal through a numerical RMS detector
with a time constant of 1ms. In these figures, “Corr.”

262

means the cross-correlation coefficient between the echo
diagrams of the calculated and measured values calculated
for the range of 1 second of the responses. The coefficient
is approximately 0.8 for all the results shown in Fig. 11.
Similar tendencies were observed in the results obtained
for the other receiving points.

To further compare the impulse responses obtained by
the FDTD calculation and the actual measurement more
quantitatively, the major room acoustic parameters calcu-
lated from the impulse responses were compared. First, the
reverberation time (RT) in each octave band was calculated
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Table 1 Values of the parameters included in the impedance model for different parts of the boundaries.

Part m a ky my ch k,
1 Floor (carpet) 0.01 4.0 x 10? 2.3 x 107 2.4 1.35 x 104 1.2 x 108
Ceiling 3 5 3 6
2 (rock wool board with large air space) 0.1 2.0x 10 2.0x 10 0.5 3.0x 10 4.0 x 10
3 Side wall (plaster board) 0.2 1.0 x 103 5.5 x 107 5.0 2.5 x 10* 3.5 x 10°
Rear wall 2 6 2 5
4 (glass wool board with a thickness of 100 mm) 0.001 5.0x 10 1.4 x 10 0.15 4.5 x 10 5.0 x 10
5 Back of the chair 0.07 1.0 x 107 1.5 x 107 0.25 1.2 x 10 6.0 x 10°
6  Seat of the chair 0.11 1.05x10°  40x10°  0.15 50x 102 9.0 x 10
7 Side panel of the chair 0.38 1.0 x 10° 2.7 x 107 1.0 1.0 x 10* 5.0 x 103
8 Rigid wall o0 0.0 0.0 oo 0.0 0.0
Calculation R3 2.0 e
-1 1 —®—Calculation ||
| — —O—Measurement |-
i Corr. = 0.797 g LN
=
Measurement 8 1.0
: B,
0 25 250 375 500 g g
Time [ms] S e
>
O]
Calculation R5 ~
MWUWWMMWWWNMMM 0.0 . .
i R N 125 250 500 1k
Frequency [Hz]
Measurement :
0 125 - 250 375 500 Fig. 12 Calculated and measured reverberation times.
Time [ms]
Calculation R7 measurement are shown in Fig. 12. In this figure, it is
observed that the calculated and measured values are in
ATV fairly good agreement in the 250 Hz, 500Hz, and 1kHz
\M/ WMWWW Corr. = 0.838 bands, whereas a large discrepancy is observed in the
125 Hz band. This discrepancy might be attributed to the
Measurement . ” S
setting of the boundary condition at low frequencies in the
0 125 Tim2€5 ([)ms] 375 500 FDTD calculation. In other words, the sound absorption
effects of panel vibration and Helmholtz resonance in the
Calculation R9 rib wall at low frequencies were not considered in the
, calculation because these effects cannot be measured by
WWWWMWMM ] the impedance-tube method.
WW"W WCOH. =0.869 The other room acoustic parameters obtained from the
? impulse response—definition Dsg; clarity Cgp; and center
Measurement . > P . . 0 Y 80
‘ % time Ts—(specified in ISO 3382) were calculated for the
0 125 Tirr%eS([)ms] 375 300 frequency range including the two octave bands of 500 Hz

Fig.11 Examples of comparisons of echo diagrams
between the calculation and the measurement.

by the integrated impulse response method for all the
receiving points and the results were averaged for each
octave band. The results for the FDTD calculation and the

and 1kHz in order to reduce the interference effects
[13,14]. For both FDTD calculation and measurement, the
parameters were deduced from the impulse responses for 1
second. The FDTD calculations and the measured values of
each of these parameters are shown in Figs. 13(a) to (c).
Although some discrepancies are observed in the results of
Cyo at the receiving points R1, R4, R8, R9, and R10, the
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(a) Dsp in middle frequency bands 500-1k Hz
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Fig. 13 Calculated and measured values of Dsg, Cgo,
and Ts in the middle-frequency range.

FDTD calculations and the measured values are in fairly
good agreement on the whole. In the figures, the dotted
lines indicate the range of the measured value £ JND (just
noticeable difference limen) [15].

4. CONCLUSIONS

Since the FDTD numerical analysis method has an
advantage over FEM and BEM when studying transient
phenomena, the application of the FDTD Yee algorithm
using the staggered-grid system for room acoustics has
been investigated in this study. As the method of simulat-
ing the normal acoustic impedance of the room boundaries,
an equivalent mechanical system with two degrees of
freedom was adopted. To examine the applicability of this
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FDTD method, the room impulse responses in a real hall
were calculated using the normal acoustic impedance data
of the different room surfaces of the hall, which were
measured by the impedance-tube method. For the echo
diagrams, reverberation time, and other major room
acoustic parameters (definition Ds, clarity Cgo and center
time Ts), the calculated values were compared with those
actually measured in the hall. As a result, a fairly high
correlation was found among the echo diagrams. The
calculated and measured reverberation time were in good
agreement in the middle-frequency range, whereas a big
discrepancy was observed in the octave band at 125 Hz, at
which the room boundary condition was not well simulated
in the calculation. A fairly good agreement was obtained
when the calculated and measured values of Dsg, Cgg, and
Ts were compared on the whole. From these results, it can
be concluded that the room impulse response can be
calculated well by the FDTD method introduced here if the
normal acoustic impedance data of the room boundaries are
available. However, the methods of simulating the sound
absorption caused by panel vibration and resonance-type
elements at low frequencies should be investigated in the
future. Although the FDTD algorithm is advantageous with
regard to computer memory size and computation time
in comparison to other numerical analysis methods, the
highest operational frequency in practical calculations is
limited to one or several thousand Hz at present. The upper
limit of this frequency must be raised in the future.
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