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Isotropy in decaying reverberant sound fieldsa)

M�elanie Nolan,1,b) Marco Berzborn,2 and Efren Fernandez-Grande1,c)

1Acoustic Technology, Department of Electrical Engineering, Technical University of Denmark, DK-2800 Kongens Lyngby, Denmark
2Institute of Technical Acoustics, RWTH Aachen University, 52074 Aachen, Germany

ABSTRACT:
A method of evaluating sound field isotropy in decaying reverberant sound fields is presented. The proposed method

extends the experimental framework outlined in [J. Acoust. Soc. Am. 143(4), 2514–2526 (2018)] and analyzes the

decaying sound field in a reverberation room. Spatio-temporal measurements of the sound field are obtained, and a

wavenumber decomposition is performed as a function of time, which serves to examine the directional properties of

the sound field and its angular symmetry. Experimental results are obtained in a reverberation room in four different

configurations (the empty room, with an absorber on the floor, with panel diffusers, and without them). The results

demonstrate how isotropy tends to increase or decrease as a function of time, depending on the disposition of the dif-

fusing and absorbing elements. Diffusers are found to effectively redirect the energy in the room, although they do

not succeed in generating a uniform incidence on the sample. The proposed approach makes it possible to analyze

the specific processes occurring in a reverberation chamber and can provide valuable insights in the process of

standardization to verify the directional properties found in each reverberation room.
VC 2020 Acoustical Society of America. https://doi.org/10.1121/10.0001769

(Received 9 April 2020; revised 29 July 2020; accepted 1 August 2020; published online 27 August 2020)

[Editor: Ning Xiang] Pages: 1077–1088

I. INTRODUCTION

Reverberation rooms are used in a variety of standard-

ized measurements (e.g., in measuring sound absorption,

sound power, and transmission loss), all based on the

assumption that the sound field in the room is ideally dif-

fuse. An ideally diffuse field can be defined as the superpo-

sition of an infinite set of plane propagating waves with

random phases and equal magnitudes, which directions of

propagation are uniformly distributed over all angles of inci-

dence.1 In such a sound field, the time-averaged energy flux

is zero at each point and the average energy density is the

same everywhere; that is, the sound field is completely

homogeneous and isotropic.

In reverberation-room measurements of sound absorp-

tion coefficients, for which a diffuse sound field must be

established both before and during the sound decay, the

absorptive material is typically concentrated on the floor of

the reverberation chamber. Such arrangement favors the

separation of slow-decaying grazing waves from non-

grazing waves that are greatly affected by the specimen2,3

and prevents the establishment of a diffuse sound field.

Considerable experimental effort has been spent on

methods to promote a diffuse sound field in the test cham-

bers. A well-established way that aims at increasing

diffusion consists in placing a number of arbitrarily oriented

scattering panels or boundary diffusers in the volume or at

the boundaries of the room. Although this helps, no one

arrangement of such scattering or diffusing elements results

in complete diffusion, especially in the presence of

non-uniform absorption.4 A variety of methods for the mea-

surement of sound field diffusion have been reported in the

literature, mainly concerned with its evaluation in the steady

state (an account of these methods is presented by Schultz,5

Abdou et al.,6 and, more recently, by Jeong et al.).7 The

measurement of sound field diffusion during the decay stage

has not received similar attention. Yet, it should be noted

that diffusion in the steady-state does not guarantee diffu-

sion in the decaying state when there is non-uniform absorp-

tion since the relative damping of normal modes may

differ.8 Only a few studies have intended to measure diffu-

sion during the sound decay: reverberation time and decay

irregularities have been used as a criterion for diffusion,9,10

Balachandran and Robinson8 extended correlation measure-

ments11 to the decaying state, and several studies have mea-

sured the acoustic intensity over time.12–14

A meaningful way to describe diffusion relies on ana-

lyzing the angular distribution of sound energy. The core

idea behind this approach is that, in a diffuse sound field, an

equal amount of energy is observed for every direction. The

idea goes back to the middle of the 20th century, when

Meyer and Thiele15 captured the angular distribution of

arriving acoustic energy in concert halls using a concave

mirror coupled with a microphone. A measure for the diffu-

sion of the sound field, known as directional diffusion, was

also derived.16 Venzke and D€ammig17 extended the concept

a)Portions of this work were presented in “Experimental characterization of

the decaying sound field in a reverberation room,” Proceedings of the 23rd

International Congress on Acoustics, Aachen, Germany, September 2019.
b)Also at: Saint-Gobain Ecophon, 265 75 Hyllinge, Sweden. Electronic

mail: melnola@elektro.dtu.dk
c)ORCID: 0000-0002-8900-183X.
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of directional diffusion to the decaying state, by measuring

the angular variation of sound energy at various instants dur-

ing the decay. More recently, Gover et al.18 adapted the

method to measurements with a spherical array of micro-

phones and measured directional impulse responses by

steering directional beams in every direction. By integrating

the directional responses over successive time periods, they

could deduce the energy arriving at the receiving position as

a function of direction and time, as well as the rate of the

energy decay. The angular distribution of incident sound

energy could then be quantified as a function of time by

computing the directional diffusion index defined in Ref. 15

for each time period. An analogous approach was suggested

by Berzborn et al.,19,20 who calculate the directional diffu-

sion index based on the directional decay curves directly.

A recent study21 proposed an alternative criterion for

quantifying sound field isotropy in stationary reverberant

sound fields. The approach directly analyzes the symmetry

of the sound field by considering the angular (wavenumber)

spectrum,22 which results from expanding a measured

pressure distribution (with an array of sensors) into a plane-

wave basis. The angular spectrum characterizes the magni-

tudes of the sound waves arriving from definite directions at

the observation region. In an isotropic sound field, waves

arrive with equal magnitude from all directions, and the

wavenumber spectrum is rotationally symmetric (i.e., con-

stant over the whole solid angle). Consequently, if the wave-

number spectrum is expanded into a series of spherical

harmonics, the monopole moment (zeroth-order term in the

spherical harmonics expansion) will dominate the expansion

and should ideally be the only non-zero term. As such, the

relative monopole strength determines the degree of isot-

ropy of the sound field. The method has proved to respond

adequately to changes in sound field isotropy21,23 and is

valid for measurements using uniform or random spatial

sampling. The purpose of the present study is to extend this

method to time-domain analysis and thereby assess the

extent of sound field isotropy in a reverberation room in the

decaying state.

This paper is organized as follows: the theoretical back-

ground is presented in Sec. II. The validity of the method is

evaluated experimentally in Sec. III, based on measurements

in a reverberation chamber with and without diffusers using

a programmable robotic arm.

II. THEORETICAL BACKGROUND

A. Wavenumber transform

This section describes the estimation of the wavenum-

ber spectrum in the steady state, while Sec. II B describes

the time-domain formulation, which enables the characteri-

zation of isotropy in the decaying state.

A steady-state harmonic sound field in a reverberation

room can be expressed as a superposition of plane waves,

each traveling in a direction specified by the wavenumber

vector k¼ (kx, ky, kz),
22

p rð Þ ¼
ð ð ðþ1

�1

P kð Þe�jk�rT

dk; (1)

where pðrÞ is the sound pressure measured at position

r¼ (x, y, z), and the volume integral can be interpreted as

the inverse spatial Fourier transform of the measured sound

pressure at position r. The quantity PðkÞ is the angular
wavenumber spectrum22 and represents the complex ampli-

tudes of the wave expansion used to represent the data cap-

tured in the measurement. Since we are interested in the

sound field produced by a pure tone with frequency k0, all

propagating waves appertain to the surface of the radiation

sphere of radius k¼ k0 in the wavenumber domain. Such

plane wave decomposition is valid sufficiently far away

from the sound source and potential diffracting elements,

from which it follows that all plane waves in Eq. (1) satisfy

the condition k2 � k2
xþk2

y (where k2 ¼ kkk2 ¼ k2
xþk2

yþk2
z ),

indicating that they are propagating waves (under the condi-

tion kx, ky>k, we have k2
z<0, and the plane waves turn into

evanescent waves).22 It can be remarked that in a reverbera-

tion room with diffusing elements (such as panels and

boundary diffusers), exponentially attenuated waves (eva-

nescent waves) will appear at the observation point, if the

latter is located in close proximity of the diffusers. Besides,

evanescent waves can be caused by diffraction evoked at the

sample edges. This work is however concerned with analyz-

ing the sound field away from the source or diffracting ele-

ments; that is, evanescent waves are not present.24

In practice, the wavenumber spectrum can only be esti-

mated over a finite number of plane waves, based on spa-

tially distributed measurements of the sound field with an

array of microphones or sequential measurements. Hence, it

is necessary to approximate the sound pressure in Eq. (1) by

an expression involving a finite number L of plane waves,

~p rð Þ ¼
XL

l¼1

~P klð Þe�jkl�rT

; (2)

where the directions of propagation kl of the plane waves

are uniformly distributed over a spherical domain. In the

limit L ! þ1, the pressure distribution in Eq. (1) is

obtained.

The pressure field, sampled at a discrete number M of

positions, can be expressed in matrix form as

~p ¼ Hx; (3)

where ~p 2 C
M

is the measured sound pressure vector,

x 2 C
L

is a complex coefficient vector containing the discre-

tized wavenumber spectrum ~PðklÞ in Eq. (2) (i.e., the vector of

unknowns that we want to solve for), and H 2 C
M�L

is the

transfer matrix containing the plane wave functions e�jkl�rT
.

The discrete Fourier inversion required for estimating x is

typically underdetermined (L>M), and the estimation of x is

classically obtained via a regularized matrix pseudo-inverse.

The problem can be formulated as an unconstrained problem,25
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introducing a regularization parameter k, which determines

the penalty weight of the ‘p-norm of the solution vector.

Throughout this study, the ‘2-norm of the solution is chosen,

x̂ ¼ HH HHHþkIð Þ�1
~p; (4)

where the superscript H denotes the conjugate transpose,

and I is the identity matrix. This solution corresponds to the

least-squares solution of the problem with Tikhonov

regularization.26

B. Time-dependent analysis

Throughout the decay process in a room, the sound field

is non-stationary, and the wavenumber properties will

change with time. A time-dependent wavenumber spectrum

is required to describe the corresponding changes in the

sound field’s structure and can readily be obtained based on

a short-time Fourier transform of the sound field. Such

spatio-temporal representation enables the detection of

asymmetries in energy distribution both in time and

direction.

We now introduce the time dependence pðr; tÞ. For the

discrete-time signal pðr; nÞ, the short-time Fourier trans-

form is defined as27

pw r; x; nTð Þ ¼
Xþ1

m¼�1
p r; mð Þw nT � mð Þe�jxm; (5)

where m represents the time variable, w(n) denotes the anal-

ysis window, and the parameter T is a time-independent

integer selected so as to ensure a degree of time overlap

between adjacent windows. After each shift of T samples,

the window is multiplied with the signal and the discrete

time Fourier transform is applied to the windowed signal.

The definition of Eq. (5) corresponds to the well-known slid-
ing window representation of the time-dependent Fourier

transform.27 In practice, the explicit computation of

pwðr; x; nTÞ can only be done on a finite set of values of

x ¼ xk. For a fixed value of n, the signal pwðr; xk; nTÞ rep-

resents the discrete Fourier transform (DFT) of the short-

time section pðr; mÞwðnT � mÞ.
The resulting DFTs can be expanded into a plane-wave

basis {analogous expansion as in Sec. II A [i.e., as in Eq.

(2)], but for each time window},

~pw r; xk; nTð Þ ¼
XL

l¼1

~P kl; nTð Þe�jkl�rT

; (6)

where ~Pðkl; nTÞ denotes the wavenumber spectrum at time

n. For simplicity of notation, all DFTs can be collected into

one matrix,

~P ¼ HX; (7)

where S short-time windows (or snapshots) are stacked

column-wise, ~P ¼ ½~pð1Þ; …; ~pðSÞ� constitutes a M � S

matrix with the measurement vector per short-time section as

columns, X is an L � S matrix with the complex amplitudes in

the L directions of propagation per short-time section as col-

umns, and the matrix H is defined in Sec. II A. The S optimiza-

tion problems corresponding to each short-time section can be

solved sequentially with Eq. (4) and form a time-dependent

wavenumber spectrum representation.

C. Sound field isotropy

In order to evaluate isotropy, the magnitude of the

wavenumber spectrum can be expanded into a series of

spherical harmonics,21

j ~P k; hl; ul; nTð Þj ¼
X1
q¼ 0

Xq

p¼�q

Apq k; nTð ÞYp
q hl; ulð Þ;

(8)

where ~Pðk; hl; ul; nTÞ denotes the wavenumber spectrum at

time n expressed in spherical coordinates, Yp
qðhl; ulÞ are the

spherical harmonics of degree p and order q, defined as in

Ref. 22 [see Fig. 1(e) for illustration], and the complex coef-

ficients Apqðk; nTÞ at time n can be calculated from the

orthonormality relation of the spherical harmonics func-

tions. The relative monopole strength,21

i k; nTð Þ ¼ jA00 k; nTð Þj
X1
q¼0

Xq

p¼�q

jApq k; nTð Þj
; (9)

determines the degree of isotropy at time n. The measure

ranges from zero to unity: unity in the case where the sound

energy is equal in all directions (i.e., perfectly isotropic

wave field); zero if the incident waves propagate in a single

direction. Such an indicator can be estimated from the

steady-state wavenumber spectrum (a detailed analysis of

the approach is found in Ref. 21), or alternatively, for each

considered portion of the impulse response, making it possi-

ble to assess the extent of sound field isotropy in a room

over time.

For the sake of illustration, Fig. 1 [(a)–(d)] shows the

magnitude of the wavenumber spectrum and corresponding

spherical harmonics expansion in a fairly isotropic sound

field [Figs. 1(a) and 1(c)] and in a sound field where sound

propagation occurs in primarily one direction [Figs. 1(b)

and 1(d)]. In the case of the isotropic sound field, the magni-

tude of the wavenumber spectrum is constant {i.e., rotation-

ally symmetric [Fig. 1(a)]} and, as a result, its energy

resides primarily in the monopole moment A00ðk; nTÞ of the

spherical harmonics expansion in Eq. (8)21 [see Fig. 1(c),

the isotropy indicator value in this case is 0.91]. Conversely,

if the contributing waves cover a partial section of the solid

angle [Fig. 1(b)], other moments in the spherical harmonics

expansion are additionally required to characterize the wave

field [see Fig. 1(d), the isotropy indicator is 0.17].

When considering a short sliding time window, as in

Eqs. (5) to (9), individual reflections can be isolated in time

J. Acoust. Soc. Am. 148 (2), August 2020 Nolan et al. 1079

https://doi.org/10.1121/10.0001769

https://doi.org/10.1121/10.0001769


and direction from knowledge of the time-dependent wave-

number spectrum. When it comes to evaluating changes in

sound field isotropy, it may be of greater interest to analyze

the temporal evolution of the wavenumber spectrum for

time windows starting at a given time t0 and extending until

the end of the measured impulse response.18 Depending on

the chosen value of t0, it becomes possible to analyze either

the steady state (t0¼ 0 s, therefore the analysis window

includes the entire decay), or to exclude the direct sound,

early reflections, or late reflections (t0 > 0 s, where the anal-

ysis window extends from t0 until the end of the decay), and

to quantify the distribution of sound energy over the remain-

ing portion of the decay (as in Ref. 18). It may be remarked

that such partition of the impulse response is equivalent to

Schroeder’s backward integration method.28

III. EXPERIMENTAL RESULTS

The proposed methodology is examined experimentally

in a large reverberation room at the Technical University of

Denmark (Kgs. Lyngby, Denmark), using a programmable

robotic arm to scan the sound field. The room, essentially

box-shaped, is 245 m3 and is equipped with 19 removable

panel diffusers that can be detached and relocated at their

original position through a system of ropes and poles. The

setup is shown in Figs. 2 and 3. Four configurations are

considered:

(a) the undamped room with all diffusers removed [case

(a) in Fig. (2)];

(b) the undamped room with all 19 diffusers [case (b) in

Fig. (2)];

(c) the damped room (extra absorption on the floor) with

all diffusers removed [case (c) in Fig. (2)];

(d) the damped room with all 19 diffusers [case (d) in

Fig. (2)]

The absorptive sample used in the study is a 10.8 m2

glass wool sample (Saint-Gobain Ecophon, Hyllinge,

Sweden) of thickness 100 mm and flow resistivity

12.9 kPa.s/m2 (manufacturer specification). A scanning

robot UR5 (Universal Robot, Odense, Denmark) is pro-

grammed to move a pressure-field microphone (Br€uel &

Kjær, Nærum, Denmark) and forms an array of 310 sequen-

tial measurement positions. The array consists of two spheri-

cal layers with radii 0.25 m and 0.45 m, respectively, each of

them sampled at 144 positions chosen according to an

equal-area grid on the sphere.29 Eleven additional sampling

positions are used inside the spheres to achieve good stabili-

zation of the eigenfrequencies.30 A diagram of the measure-

ment positions is shown in Fig. 3. The room is excited by a

built-in loudspeaker driven with exponential sweeps of

length 43.7 s in the undamped room and 21.8 s in the

damped room (221 samples/48 kHz and 220 samples/48 kHz,

respectively). A pressure impulse response is measured at

each of the 310 positions using the ITA-Toolbox.31 The

duration of a measurement sequence is 4.5 h for the

undamped room, and 2.5 h for the damped room. The mea-

sured impulse responses are successively analyzed over (i) a

FIG. 1. (a)–(d): Magnitude of the wavenumber spectrum and corresponding spherical harmonic expansion in a fairly isotropic sound field [(a), (c)] and in a

sound field where sound propagation occurs in primarily one direction [(b), (d)]. Truncation order N¼ 7; (e): Four first orders of spherical harmonics, with

black representing positive values and white representing negative values.
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short sliding Hanning window with length 100 ms and 75%

overlap; (ii) a Hanning window extending from time t0 until

the end of the impulse response, where t0 is moved in steps

of 50 ms. For each analysis window, a frequency response is

calculated based on the discrete Fourier transform [Eq. (5)],

and the complex coefficient vector x corresponding to the

wavenumber spectrum is estimated using Eq. (4). A plane-

wave basis of 2000 plane waves is considered, whose direc-

tions of propagation are distributed uniformly based on a

Thomson problem.32 Tikhonov regularization (i.e., a ‘2

least-squares solution)26 is used for the regularized inversion

of Eq. (3) (to obtain x̂), and the regularization parameter is

chosen with the L-curve criterion.25 The spherical harmonic

expansion is truncated at N¼ 7, based on a discrete approxi-

mation of Eq. (8) (adding more spherical harmonics in the

expansion of the wavenumber spectrum does not add rele-

vant information).33,34 The truncation of the spherical

harmonics expansion acts as a regularization to filter noise

out of the isotropy estimate. Numerical results without noise

(not shown for conciseness) show that adding spherical

harmonics terms above N¼ 7 does not change the isotropy

indicator values in this frequency range.

A. Time-dependent wavenumber estimation

Figures 4 and 5 compare the time evolution of the

wavenumber spectrum at 500 Hz in the four room configura-

tions. Figure 4 displays the case of the undamped (empty)

room with all panels removed [Fig. 4(a)] and after the 19

panels have been placed back [Fig. 4(b)]. Likewise, Fig. 5

shows the time evolution in the damped room for both panel

configurations [Figs. 5(a) and 5(b)]. The pressure responses

are analyzed using a short sliding Hanning window (length

100 ms with 75% overlap, yielding a frequency resolution of

7.8 Hz), and the pure-tone wavenumber results are averaged

over the 500 Hz third-octave band. The figures show the

resulting magnitude of the wavenumber spectrum for

selected short-time sections, respectively centred at 50 ms,

100 ms, 500 ms, and 750 ms. It should be recalled that, with

the chosen time convention, the wavenumber spectrum rep-

resents the direction of propagation and not the direction of

FIG. 2. Experimental setup in the four room configurations: (a) the undamped room with diffusers removed; (b) the undamped room with diffusers; (c) the

damped room with diffusers removed; (d) the damped room with diffusers.

FIG. 3. Schematic of the experimental setup. Pressure impulse responses

are measured at an array of 310 sequential measurement positions.
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arrival. As such, the lower halves of the hemispheres shown

in Figs. 4 and 5 represent the sound field incident on the

floor/absorber, while the upper halves correspond to the

reflected field propagating away from the floor/absorber.35

In addition, the figures display the same wavenumber data

interpolated over a rectangular grid evenly spaced in eleva-

tion and azimuth (spacing of p/60 rad).

In the undamped room with no panel diffusers [Fig.

4(a)] at 50 ms, two main directions of propagation are

detected, corresponding to the direct radiation from the

source and the first reflection from the floor. As the sound

field decays (t> 50 ms), an increased reflection density is

observed, and standing waves in the x-, y-, and z-directions

are detected, corresponding to energy fluctuating back and

forth between opposite boundaries. When panel diffusers

are added to the room [Fig. 4(b)] at 50 ms, the radiation

from the source and corresponding reflection are not

detected, as energy is being redistributed in all directions.

When t> 50 ms, it is apparent that the addition of panel

diffusers results in a less structured sound field, and multiple

reflections can be identified in non-specific directions.

In the damped room with no diffusers [Fig. 5(a)], a

dominant incident direction corresponding to the direct radi-

ation from the source is identified at 50 ms, and there is no

reflection from the absorber. In fact, no waves are found to

propagate in the positive z-direction, because no sound is

being reflected away from the absorbing sample (a is close

to unity at 500 Hz). As time progresses, prominent standing

waves in the xy-plane are detected in the directions normal

to the walls, resulting in different absorption rates for waves

travelling almost parallel to the absorbing surface (slow-

decaying grazing waves) and waves having oblique inci-

dence (fast-decaying non-grazing waves). This is in agree-

ment with the general behaviour of sound propagating in a

rectangular room containing a highly absorptive surface and

no scattering objects.2,3 This strong lateral energy is not

being redirected, resulting in no incidence (and thus, no

absorption) in the z-negative direction. When panel diffusers

FIG. 4. (Color online) Wavenumber spectrum (magnitude) for selected short-time sections in the undamped room: (a) without panel diffusers; (b) with panel

diffusers. The data interpolated over a rectangular grid evenly spaced in elevation and azimuth is also displayed. The measured responses are analyzed over

a 100 ms sliding Hanning window with 75% overlap. Frequency: 500 Hz (1/3 oct. band).
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are placed in the room [Fig. 5(b)], the sound field changes

drastically. The direct field is no longer visible in the first

analysis window (t¼ 50 ms), and standing waves are weaker

as the distribution of incident energy is more uniform.

Although the lateral field is still present, some of the energy

is being redistributed downward, toward the absorption sam-

ple. It can be remarked that such analysis can be significant,

as it provides detailed knowledge (or specific directional

knowledge) into the information contained in a random inci-
dence absorption coefficient.36

B. Time-dependent isotropy quantification

Figure 6 compares the magnitude of the moments from

the spherical harmonics expansions in the undamped [Fig.

6(a), black lines] and damped [Fig. 6(b), grey lines] rooms,

with no panel diffusers (� markers) and with panel diffusers

(� markers). In this case, the wavenumber spectra and corre-

sponding spherical harmonics expansions are analyzed over

a Hanning window that extends over the impulse response,

with a shifting starting point every 50 ms. In other words,

the analysis window successively starts at t0¼ 0 s, 50 ms,

100 ms, etc., and for every starting time, extends until the

end of the impulse response. The figure only displays results

for t0¼ 0 s, 0.5 s, and 1 s. When t0¼ 0.5 s and 1 s, the analy-

sis is restricted to t> 0.5 s and t> 1 s, respectively. The

case t> 0 s includes the arriving energy over the full

impulse response (that is, these results correspond to the

steady-state response of the room).

In the undamped room [Fig. 6(a)], it can be seen that

the monopole moment dominates the spherical harmonics

expansion of the wavenumber spectrum for both diffuser

configurations, indicating a fairly isotropic sound field. In

the undamped room with no diffusers (� markers), the

standing waves observed in the decay process [see Fig. 4(a)]

contribute to a relatively large 4th-order spherical harmonic

moment (and other even-ordered terms). When panel diffus-

ers are added to the room, these 4th-order and even-ordered

spherical harmonics are reduced, and most of the acoustic

energy is present in the zeroth-order term only [which

FIG. 5. (Color online) Wavenumber spectrum (magnitude) for selected short-time sections in the damped room: (a) without panel diffusers; (b) with panel

diffusers. The data interpolated over a rectangular grid evenly spaced in elevation and azimuth is also displayed. The measured responses are analyzed over

a 100 ms sliding Hanning window with 75% overlap. Frequency: 500 Hz (1/3 oct. band).
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agrees with weaker standing waves observed in the wave-

number results in Fig. 4(b)]. In the damped room [Fig. 6(b)],

due to the presence of the absorbing sample, the sound field

is less omnidirectional, and higher-order moments appear in

the expansion. This indicates that the wave field is less

isotropic than in the undamped room. In particular, in the

configuration with no diffusers at t> 0.5 s and t> 1 s, the

wavenumber spectrum is best described by the 1st-, 2nd-,

and 4th-order spherical harmonic moments. Inspection of

the wavenumber spectra reveals persisting tangential com-

ponents in the late decay [standing waves in the xy-plane, as

seen in Fig. 5(a)]. Addition of panel diffusers reduces the

contribution of the 2nd- and 4th-order spherical harmonic

moments, showing that the panels re-direct the sound waves

successfully (i.e., there is a more uniform distribution of

sound energy in the room).

Figure 7 shows the isotropy indicator in the four configu-

rations as a function of time (t> 0 s to t> 1.4 s). As in Fig. 6,

the data is analyzed over a shrinking Hanning window with

time step 50 ms. The results are displayed for the third-octave

bands centred at 500 Hz, 800 Hz, and 1.25 kHz, respectively.

A wideband estimation is also given, covering the third-

octave bands spanning from 400 Hz to 1.25 kHz (the pure-

tone wavenumber data is averaged over the wideband). The

results confirm that the sound field is less isotropic in the

damped room than in the undamped room, and that addition

of panel diffusers influences positively the isotropy of the

wave field. Yet, the sound field is not perfectly isotropic,

even in the undamped room with diffusers (perfect diffusion,

i.e., an ideally diffuse sound field, would lead to an isotropy

indicator value of 1, as shown in Ref. 21). In particular, it can

be observed that the sound field is highly anisotropic in the

steady state (t> 0 s), due to the direct radiation from the

source and a few strong, early-arriving reflections. During the

decay, the results indicate increasing isotropy initially, as

there is no influence of the source and early reflections, and

as later reflections serve to build up the sound field more uni-

formly in all directions. At 500 Hz in the damped room with-

out diffusers, this initial increase is followed by a slight drop

in the isotropy indicator values, indicating that the sound field

becomes increasingly directive. As seen from Fig. 5, this is

seemingly due to the persisting sound waves propagating

back and forth between the walls of the room, after the sound

waves in the other directions have been absorbed.

From Fig. 7, it is apparent that isotropy is not only a

function of time but is also a function of frequency. At a

FIG. 6. Spherical harmonic expansions (N¼ 7) for selected time sections in (a) the undamped room with no diffusers (��) and with diffusers (��); (b) the

damped room with no diffusers (��) and with diffusers (��). The measured responses are analyzed using a Hanning window that extends over the impulse

response, with a shifting starting point every 50 ms. Frequency: 500 Hz (1/3 oct. band).
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given time, the amplitudes of the waves that compose the

sound field change as a function of frequency, and therefore,

results in a given frequency band are in general not general-

izable to other frequency bands. Besides, as the entire inter-

ference pattern changes with frequency, isotropy is also a

function of space. This, however, is not investigated in the

present study.

It can also be observed that, in the undamped room, the

wideband data (Fig. 7, bottom right, black lines) yields

higher isotropy values as compared to the third-octave band

data. As a result of frequency averaging, the wave field

becomes more uniform over all directions, leading to

increased isotropy. No significant increase in isotropy values

is observed in the damped room when averaging over sev-

eral frequency bands. In line with the experimental results

presented in Ref. 37, this suggests that the effect of fre-

quency averaging depends on the damping of the room: the

longer the reverberation time, the more effective the

averaging.

Finally, it should be remarked that more time would be

required to observe the isotropy behaviour in the undamped

room (as the reverberation time in this case is longer).

Figure 7 is, however, limited to showing time windows

ranging from t> 0 s to t >1.4 s. As the signal-to-noise ratio

decreases, the regularization in Eq. (4) fails to give mean-

ingful results in the damped room after 1.5 s (and after 5 s in

the undamped room).

C. Isotropy in ISO 354

According to ISO 354,38 the evaluation of reverberation

times based on decay curves shall start at 5 dB below the ini-

tial sound pressure level, and the evaluation range shall be

20 dB. The benefit of constraining the evaluation range to

between –5 dB and –25 dB has been the subject of recent

debate, especially in cases where the decay curves are not

straight lines.39 Fig. 8 shows the averaged sound decays at

500 Hz in the undamped (left) and damped (right) room,

FIG. 7. Isotropy indicator as a function of time in the undamped and damped room, with and without diffusers. The measured responses are analyzed using

a Hanning window that extends over the impulse response, with a shifting starting point every 50 ms. Frequencies: 500 Hz, 800 Hz, 1.25 kHz (1/3 oct. band)

and wideband estimation.
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with and without added diffusers. The energy decay curves

are computed by integrating the squared impulse

responses28 and averaging over all measurement positions.

The dashed lines represent the –5 dB and –25 dB limits,

classically used when estimating T20 in standardized mea-

surements of sound absorption.38 The corresponding T20

values in the room with diffusers are 12.3 s and 2.2 s, in the

undamped and damped room, respectively. It can be seen

that the first 5 dB in this case correspond to a decay of about

1 s in the undamped room and 0.25 s in the damped room.

For the examined source/array configuration and

absorber/diffusers placement, it is observable that isotropy

in the damped room with added diffusers is higher in the

early part of the decay (in fact, marginally maximal, see

Fig. 7 at 500 Hz). This result indicates that portions with

high sound field isotropy might be discarded when following

the standard for the estimation of T20. Yet, the accurate eval-

uation of T20, and thus of the absorption coefficient, requires

a diffuse (and therefore isotropic) sound field. The general-

ity of this result would however require a systematic study

over additional experimental configurations. Nonetheless, if

confirmed, the proposed indicator may be of value in defin-

ing a suitable evaluation range as a function of frequency

and space.

In the damped room without diffusers, another interest-

ing observation is that the break observed in the double-

sloped decay curve (Fig. 8, right) seems to be captured in

the evolution of the isotropy indicator over time (see Fig. 7,

top left), where the initial increase is followed by a constant

drop in the indicator values.40 Yet, low isotropy indicator

values do not necessarily indicate the presence of grazing

components in the sound field but rather denote a strongly

asymmetric sound field. As such, inspection of the wave-

number plots is generally more informative.

IV. DISCUSSION

One advantage of the method described in this work is

that it does not require a prescribed array geometry (the

spherical harmonic expansion is performed on the wave-

number spectrum and not on the measured pressure

directly). It can be used for any given array, provided that

the basic spatial sampling requirements are met (average

spacing smaller than the wavelength). The current measure-

ment system is not expected to provide valid results below

100 Hz, where the size of the array corresponds to about

10% of the wavelength in air, nor above 3 kHz, where alias-

ing effects start to appear. In the operational frequency

range of the array, the results indicate that the isotropy indi-

cator responds adequately to changes in sound field isotropy.

More measurements could be conducted with a larger aper-

ture (to extend the low-frequency limit and detect anisotropy

attributable to low modal density below Schroeder’s fre-

quency), and/or a finer sampling density (to extend the high-

frequency limit).

It must be recognized that the spatio-temporal informa-

tion contained in the wavenumber spectrum (e.g., in Figs. 4

and 5) is much more informative than the isotropy indicator

alone (e.g., in Fig. 7) when analyzing the properties of a spe-

cific room or laboratory (and how it deviates from ideal dif-

fusion). Nevertheless, the proposed measure may be useful

for comparative investigations in a given room (in examin-

ing the influence of source position, diffusers placement,

FIG. 8. Energy decay curves (mean over all measurement positions) in the undamped (left) and damped (right) room at 500 Hz (1/3 oct. band). The dashed

lines indicate the –5 dB and –25 dB limits classically used when estimating T20 (Ref. 37).
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etc.). It should also be emphasized that the results presented

in this work evaluate the isotropy of the sound field at a par-

ticular location of the room, and as such, they do not directly

evaluate the compliance of the reverberation room with ISO

354:2003. For this purpose, extended measurements should

be conducted, either based on sequential sampling of the

sound field at several locations or by using a dedicated appa-

ratus as suggested by D’Antonio et al.41 Besides, the pro-

posed indicator is here suggested as a measure for the

isotropy of the net sound field (incident plus reflected), and

as such, it is not intended to evaluate the distribution of inci-

dent acoustic energy on the measuring sample. An alterna-

tive indicator, defined in the hemispherical domain

corresponding to the incident wave field, could be derived,

based on the sound field separation method proposed in

Ref. 35. Nevertheless, the relationship between estimated

isotropy and measured absorption coefficient would need to

be examined prior to considering any of these indicators for

a standard.

V. CONCLUSION

This study presents a method to examine the decay of

sound in a reverberation chamber and analyzes experimen-

tally how the isotropy of the sound field changes throughout

the decay process. The methodology consists of acquiring

spatio-temporal measurements of the sound field (in the

form of pressure impulse responses, using an automated

robotic scanning arm) and expanding the data onto a plane-

wave spectrum (or wavenumber spectrum) to analyze the

directional properties of the sound field over time (i.e., the

directions in which the observed waves are propagating).

Detailed temporal information about the isotropy of the

wave field can be obtained and quantified by computing an

isotropy indicator, which results from analyzing the angular

symmetry of the sound field based on a spherical harmonics

expansion.

Experimental results obtained in a reverberation cham-

ber in four configurations (the empty room, with an absorber

on the floor, with panel diffusers, and without them) reveal

the anisotropy of the sound fields and provide extensive

details in terms of time and direction. The results demon-

strate how isotropy tends to develop as a function of time,

depending on the disposition of diffusing and absorbing ele-

ments. In particular, when there is non-uniform absorption,

the sound field tends to be most isotropic in the early part of

the decay, as reflections progressively build up the sound

field. This may be followed by a decrease in isotropy as

time progresses, as a result of different absorption rates in

different directions. It was also observed that diffusers effec-

tively redirect the energy in the room, although they do not

succeed in generating a uniform incidence on the sample.

The spatio-temporal information contained in the wave-

number spectrum can be instrumental when analyzing the

properties of a specific room or laboratory. In light of the

current international debate surrounding the planned revi-

sion of ISO 354,42 it is anticipated that the proposed

experimental framework will be of value in clarifying the

issues involved in the determination of the absorption coeffi-

cient and in explaining the deviations encountered across

standardized laboratories.

ACKNOWLEDGMENTS

This work is jointly supported by the Innovation Fund

Denmark (under postdoctoral Grant No. 8054-00042B),

Saint-Gobain Ecophon, and the German Research

Foundation (under doctoral Grant No. DFG V0 600 41-1).

The authors would like to thank Samuel A. Verburg for help

with the experimental arrangement.

1P. M. Morse and K. U. Ingard, Theoretical Acoustics (McGraw-Hill, New

York, 1968), Sec. 9.5.
2F. V. Hunt, L. L. Beranek, and D. Y. Maa, “Analysis of sound decay in

rectangular rooms,” J. Acoust. Soc. Am. 11(1), 80–94 (1939).
3E. Nilsson, “Decay processes in rooms with non-diffuse sound fields. Part

I: Ceiling treatment with absorbing material,” Build. Acoust. 11(1),

39–60 (2004).
4F. Jacobsen, “The diffuse sound field,” Ph.D. dissertation, The Acoustics

Laboratory, Technical University of Denmark, Kgs. Lyngby, Denmark,

1979.
5T. J. Schultz, “Diffusion in reverberation rooms,” J. Sound Vib. 16,

17–28 (1971).
6A. Abdou and R. W. Guy, “A review of objective descriptors for sound

diffuseness,” Proc. Can. Acoust. 22, 43–44 (1994).
7C.-H. Jeong, M. Nolan, and J. Balint, “Difficulties in comparing diffuse

sound field measures and data/code sharing for future collaboration,” in

Proceedings of Euronoise, Heraklion, Crete (2018).
8C. G. Balachandran and D. W. Robinson, “Diffusion of the decaying

sound field,” Acustica 19(5), 245–257 (1967/68).
9C. B. Balachandran, “Random sound field in reverberation chambers,”

J. Acoust. Soc. Am. 31(10), 1319–1321 (1959).
10K. E. Randall and F. Ward, “Diffusion of sound in small rooms,” Proc.

Inst. Elect. Eng. 107(35), 439–450 (1960).
11R. K. Cook, R. V. Waterhouse, R. D. Berendt, S. Edelman, and M. C.

Thompson, Jr., “Measurement of correlation coefficients in reverberant

sound fields,” J. Acoust. Soc. Am. 27, 1072–1077 (1955).
12R. W. Guy and A. Abdou, “A measurement system and method to investi-

gate the directional characteristics of sound fields in enclosures,” Noise

Control Eng. J. 42, 8–18 (1994).
13J. Merimaa, T. Lokki, T. Peltonen, and M. Karjalainen, “Measurement,

analysis, and visualization of directional room responses,” Convention

Paper 5449, 11th Convention of the Audio Engineering Society, New

York (September 2001).
14M. Nolan and E. Fernandez-Grande, “Volumetric reconstruction of acous-

tic energy flows in a reverberation room,” J. Acoust. Soc. Am. 145(3),

EL203–EL208 (2019).
15E. Meyer and R. Thiele, “Raumakustische Untersuchungen in zahlreichen

Konzerts€alen und Rundfunkstudios unter Anwendung neuerer

Messverfahren,” Acustica 6, 425–444 (1956).
16Strictly speaking, the method evaluates the isotropy of the sound field

(and not the diffusion), as it disregards the correlation between waves

incoming from all directions. Nevertheless, isotropy is a necessary condi-

tion for sound field diffusion.
17G. Venzke and P. D€ammig, “Measurement of diffuseness in reverberation

chambers with absorbing material,” J. Acoust. Soc. Am. 33(12),

1687–1689 (1961).
18B. N. Gover, J. Ryan, and M. Stinson, “Measurements of directional prop-

erties of reverberant sound fields in rooms using a spherical microphone

array,” J. Acoust. Soc. Am. 116(4), 2138–2148 (2004).
19M. Berzborn and M. Vorl€ander, “Investigations on the directional energy

decay curves in reverberation rooms,” in Proceedings of Euronoise,

Heraklion, Crete (2018).
20M. Berzborn, M. Nolan, E. Fernandez-Grande, and M. Vorl€ander, “On

the directional properties of energy decay curves,” in Proceedings of ICA,

Aachen, Germany (2019).

J. Acoust. Soc. Am. 148 (2), August 2020 Nolan et al. 1087

https://doi.org/10.1121/10.0001769

https://doi.org/10.1121/1.1916010
https://doi.org/10.1260/1351010041217220
https://doi.org/10.1016/0022-460X(71)90392-0
https://doi.org/10.1121/1.1907626
https://doi.org/10.1049/pi-b-2.1960.0147
https://doi.org/10.1049/pi-b-2.1960.0147
https://doi.org/10.1121/1.1908122
https://doi.org/10.3397/1.2827855
https://doi.org/10.3397/1.2827855
https://doi.org/10.1121/1.5092820
https://doi.org/10.1121/1.1908542
https://doi.org/10.1121/1.1787525
https://doi.org/10.1121/10.0001769


21M. Nolan, E. Fernandez-Grande, J. Brunskog, and C.-H. Jeong, “A wave-

number approach to quantifying the isotropy of the sound field in rever-

berant spaces,” J. Acoust. Soc. Am. 143(4), 2514–2526 (2018).
22E. G. Williams, Fourier Acoustics: Sound Radiation and Near-Field

Acoustical Holography (Academic Press, New York, 1999), Chap. 2.
23M. Berzborn, M. Nolan, E. Fernandez-Grande, and M. Vorl€ander,

“Comparison of isotropy estimators for the analysis of reverberation

rooms,” in Proceedings of Forum Acusticum, Lyon, France (2020).
24M. R. Schroeder, “Measurement of sound diffusion in reverberation

chambers,” J. Acoust. Soc. Am. 31(11), 1407–1414 (1959).
25P. C. Hansen, Discrete Inverse Problems: Insight and Algorithms (SIAM,

Philadelphia, 2010), Vol. 7 of Fundamentals of Algorithms.
26A. N. Tikhonov and V. I. A. Arsenin, Solutions of Ill-Posed Problems:

Scripta Series in Mathematics (Winston, Silver Spring, MD, 1977).
27A. V. Oppenheim and R. W. Schafer, Discrete-time Signal Processing

(Prentice-Hall, Inc., Upper Saddle River, New Jersey, 1999), Sec. 10.3.
28M. R. Schroeder, “New method of measuring reverberation time,”

J. Acoust. Soc. Am. 37(3), 409–412 (1965).
29P. Leopardi, “A partition of the unit sphere into regions of equal

area and small diameter,” Electr. Trans. Num. Analy. 25(12),

309–327 (2006).
30G. Chardon, W. Kreuzer, and M. Noisternig, “Design of spatial micro-

phone arrays for sound field interpolation,” IEEE J. Select. Topic. Signal

Process. 9(5), 780–790 (2015).
31M. Berzborn, R. Bomhardt, J. Klein, J.-G. Richter, and M. Vorl€ander,

“The ITA-Toolbox: An open source MATLAB toolbox for acoustic mea-

surements and signal processing,” in Proceedings of the 43rd Annual
German Congress on Acoustics, Kiel, Germany (2017).

32J. J. Thomson, “On the structure of the atom: An investigation of the stabil-

ity and periods of oscillation of a number of corpuscles arranged at equal

intervals around the circumference of a circle with application of the results

to the theory of atomic structure,” in Philosophical Magazine (Taylor &

Francis, L. T. D., Oxford, UK, 1904), Vol. 7, Issue 39, pp. 237–265.

33E. Williams and K. Takashima, “Vector intensity reconstructions in a vol-

ume surrounding a rigid spherical microphone array,” J. Acoust. Soc. Am.

127, 773–783 (2010).
34A. Granados, F. Jacobsen, and E. Fernandez-Grande, “Regularized recon-

struction of sound fields with a spherical microphone array,” Proc. Mtgs.

Acoust. 19, 055010 (2013).
35M. Nolan, S. A. Verburg, J. Brunskog, and E. Fernandez-Grande,

“Experimental characterization of the sound field in a reverberation

room,” J. Acoust. Soc. Am. 145(4), 2237–2247 (2019).
36M. Nolan, “Estimation of angle-dependent absorption coefficients from

spatially distributed in-situ measurements,” J. Acoust. Soc. Am. 147(2),

EL119–EL124 (2020).
37F. Jacobsen and T. Roisin, “The coherence of reverberant sound fields,”

J. Acoust. Soc. Am. 108(1), 204–210 (2000).
38ISO 354:2003, “Measurement of sound absorption in a reverberation

room,” (International Organization for Standardization, Geneva,

Switzerland, 2003).
39J. Balint, F. Muralter, M. Nolan, and C.- H. Jeong, “Bayesian decay time

estimation in a reverberation chamber for absorption measurements,”

J. Acoust. Soc. Am. 146(3), 1641–1649 (2019).
40This break at roughly 0.3 s, where the slope changes from initial to final

value, marks the transition between fast-decaying non-grazing waves and

slow-decaying grazing waves, as discussed in Fig. 5(a).
41P. D’Antonio, M. Nolan, and E. Fernandez-Grande, “Design of a new

Sound Field Analysis Recorder (SOFAR) for isotropy quantification in

reverberation chambers,” in Proceedings of e-Internoise, Seoul, South

Korea (2020).
42C. Scrosati, F. Martellotta, F. Pompoli, A. Schiavi, A. Prato, D. D’Orazio,

M. Garai, N. Granzotto, A. Di Bella, F. Scamoni, M. Depalma, C.

Marescotti, F. Serpilli, V. Lori, P. Nataletti, D. Annesi, A. Moschetto, R.

Baruffa, G. De Napoli, F. D’Angelo, and S. Di Filippo, “Towards more

reliable measurements of sound absorption coefficient in reverberation

rooms: An inter-laboratory test,” Appl. Acoust. 165, 107298 (2020).

1088 J. Acoust. Soc. Am. 148 (2), August 2020 Nolan et al.

https://doi.org/10.1121/10.0001769

https://doi.org/10.1121/1.5032194
https://doi.org/10.1121/1.1907643
https://doi.org/10.1121/1.1909343
https://doi.org/10.1109/JSTSP.2015.2412097
https://doi.org/10.1109/JSTSP.2015.2412097
https://doi.org/10.1121/1.3278591
https://doi.org/10.1121/1.4800860
https://doi.org/10.1121/1.4800860
https://doi.org/10.1121/1.5096847
https://doi.org/10.1121/10.0000716
https://doi.org/10.1121/1.429457
https://doi.org/10.1121/1.5125132
https://doi.org/10.1016/j.apacoust.2020.107298
https://doi.org/10.1121/10.0001769

	s1
	tr1
	l
	n1
	n2
	s2
	s2A
	d1
	d2
	d3
	d4
	s2B
	d5
	d6
	d7
	s2C
	d8
	d9
	s3
	f1
	s3A
	f2
	f3
	f4
	s3B
	f5
	f6
	s3C
	f7
	s4
	f8
	s5
	c1
	c2
	c3
	c4
	c5
	c6
	c7
	c8
	c9
	c10
	c11
	c12
	c13
	c14
	c15
	c16
	c17
	c18
	c19
	c20
	c21
	c22
	c23
	c24
	c25
	c26
	c27
	c28
	c29
	c30
	c31
	c32
	c33
	c34
	c35
	c36
	c37
	c38
	c39
	c40
	c41
	c42

