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ABSTRACT:
The late reverberation characteristics of a sound field are often assumed to be perceptually isotropic, meaning that

the decay of energy is perceived as equivalent in every direction. In this paper, we employ Ambisonics reproduction

methods to reassess how a decaying sound field is analyzed and characterized and our capacity to hear directional

characteristics within late reverberation. We propose the use of objective measures to assess the anisotropy

characteristics of a decaying sound field. The energy-decay deviation is defined as the difference of the direction-

dependent decay from the average decay. A perceptual study demonstrates a positive link between the range of these

energy deviations and their audibility. These results suggest that accurate sound reproduction should account for

directional properties throughout the decay.
VC 2021 Author(s). All article content, except where otherwise noted, is licensed under a Creative Commons
Attribution (CC BY) license (http://creativecommons.org/licenses/by/4.0/). https://doi.org/10.1121/10.0004770
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I. INTRODUCTION

Artificial reverberation aims to reproduce the perceptual

effect of sound propagating in a room (Schroeder and

Logan, 1961; V€alim€aki et al., 2012). In multichannel sound

reproduction, the late reverberation is usually simplified to a

set of decorrelated signals approximating a diffuse field

(Gerzon, 1972; Schroeder and Logan, 1961). A diffuse field

is a theoretical state that occurs after the reflection of sound

in a space creates a near infinite number of incoherent plane

waves that are evenly spread out. These plane waves create

a diffuse distribution of energy, which means it is statisti-

cally equivalent at all locations and in every direction.

These two properties are known, respectively, as homogene-

ity and isotropy (Kuttruff, 2009).

However, these idealized conditions never truly exist in

practice. In a real room, the shapes, materials, and surfaces it

contains all influence the diffusion of energy (Balachandran

and Robinson, 1967; Kuttruff, 2009). Anisotropy, or an

uneven distribution of energy in different directions, is the

main challenge in the design of a reverberation chamber

(Balachandran and Robinson, 1967; D’Antonio et al., 2018;

Nolan et al., 2018; Nolan et al., 2020; Pierce, 1974). This

paper studies the perceptual implications of anisotropy in the

reproduction of late reverberation.

Diffuseness is a measure that estimates to what extent

the conditions of an ideal diffuse field are satisfied.

However, diffuseness is not a uniquely defined measure, as

there are different ways to quantify it (Epain and Jin, 2016).

Some definitions look at the acoustic energy (Gover et al.,
2002, 2004), whereas others rely on the acoustic intensity

(Kuttruff, 2009; Pulkki, 2007) or the covariance in the

spherical harmonic domain (SHD) (Epain and Jin, 2016). In

this study, we use a diffuseness measure that makes no

assumptions about the isotropy of the late reverberation.

Specifically, we consider a normalized spatial coherence

measure inspired by Epain and Jin (2016), which is adapted

to the context of a spatial decomposition, as described in

Mass�e et al. (2020a).

The mixing time, which is an important descriptor in

artificial reverberation, refers to the transition point between

specular and diffuse conditions and can be estimated from

an impulse response (Jot et al., 1997; Polack, 1993;

Schlecht and Habets, 2017). In G€otz et al. (2015), the mix-

ing time is estimated based on the diffuseness, whereas in

Lindau et al. (2012), a listening experiment compares the

perceived mixing time to existing estimation methods in a

binaural reproduction system. After the mixing time, a

decaying sound field is typically considered perceptually

isotropic (Lindau et al., 2012; Polack, 1993; Schlecht and

Habets, 2017; Blesser, 2001).

In accordance with this assumption, Schroeder sug-

gested that the main requirement for multichannel artificial

reverberators was to produce a set of low-correlated signals

(Schroeder, 1962; Schroeder and Logan, 1961). These were

obtained by combining the signals from different delay

paths. This principle was carried over as more sophisticated

delay networks were introduced to formalize multichannel

reverberation, where different signal paths from the same
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system can be used to obtain decorrelated signals and to cre-

ate isotropic decays (Gerzon, 1972; Jot and Chaigne, 1991;

V€alim€aki et al., 2012). Similarly, Xiang et al. (2019) sug-

gest using pseudo-random signals and spectral envelopes to

control the correlation between the two channels of a binau-

ral reverberation algorithm. Only in recent work were delay

networks used to produce anisotropic decay characteristics

(Alary and Politis, 2020; Alary et al., 2019b).

In Lachenmayr et al. (2016), a perceptual study con-

firmed that spatial features of the late reverberation contrib-

ute to the feeling of envelopment of a listener, whereas

Romblom et al. (2016) demonstrated our capacity to hear

direction-dependent variations in a sound field. Luizard

et al. (2015) showed the perceptual threshold for double-

slope reverberation present in coupled spaces. Objective

analysis methods have also been developed to analyze the

direction-dependent characteristics of a decaying sound field

(Alary et al., 2019a; Berzborn and Vorl€ander, 2018; Nolan

et al., 2018; Sakuma and Eda, 2013). To inform the develop-

ment of spatial audio algorithms and the necessity of repro-

ducing directional late reverberation, assessing the

perceptual threshold of these characteristics is essential.

This paper proposes an analysis method that extracts

direction-dependent energy characteristics from a spatial

impulse response (SIR) encoded in the SHD. The energy-

decay deviation (EDD) is proposed as a measure to calculate

direction-dependent deviations in the energy decay.

Through this approach, the EDD can highlight the aniso-

tropic features of a SIR. A subjective evaluation method

capable of assessing our capacity to detect changes in the

directivity of late reverberation is also detailed. Using this

method, a perceptual study is conducted, and the connection

between the analysis method and the subjective results is

discussed.

This paper is organized as follows: Sec. II covers back-

ground information relevant to the analysis method and the

perceptual study. Section III introduces the EDD as an

objective method to analyze anisotropic decay and shows

example results. In Sec. IV, a subjective evaluation method

is proposed and performed with a selected set of SIRs, along

with an analysis of its results. Finally, Sec. V discusses

future work and research directions and concludes the

paper.

II. BACKGROUND

A. Mixing-time estimation

The mixing time tmix specifies the moment where an

impulse response transitions from early reflections to late

reverberation (Jot et al., 1997; Polack, 1993). We can

exploit a measure of coherence to estimate the mixing time

for SIRs (G€otz et al., 2015). Since we must consider coher-

ence uncoupled from assumptions of isotropy, measures of

diffuseness calculated directly in the SHD, such as the

pseudo-intensity vector measure (Ahonen and Pulkki,

2009), the signal-to-diffuse ratio (Jarrett et al., 2012), or

COMEDIE (Epain and Jin, 2016), are inapplicable.

However, an analog of the COMEDIE measure, which

is based on an eigendecomposition of the covariance matrix

in the SHD, can be defined in the spatial domain. To dissoci-

ate coherence from the spatial power distribution, a normal-

ized covariance must be calculated for each frequency

(Mass�e et al., 2020a). The results have values ranging

between 0 and 1, with 0 corresponding to a fully coherent

sound field and 1 to a perfectly incoherent one. Plotting the

temporal evolution of this measure leads to an incoherence

profile (Fig. 1).

Incoherence profiles generally begin with low values,

due to the specular early reflections, and rapidly increase

before reaching a relatively stable maximum value (Fig. 1).

One way to define tmix is as the moment this stable maxi-

mum is reached and the incoherence profile shows no more

interference from discrete reflections, provided that the max-

imum is sufficiently high (e.g., � 0:75) (Mass�e et al.,
2020a).

To identify the moment this stable maximum is

reached, an adaptive Ramer–Douglas–Peucker algorithm

can be used to segment the incoherence profile (Prasad

et al., 2012). Developed for dominant-point detection in dig-

ital image-processing, the algorithm aims to fit an arbitrary

curve using linear segments. The segmentation is deter-

mined through recursive linear regressions and an adaptive

maximum deviation threshold. Here, this enables the identi-

fication of the aforementioned sections, i.e., the arrival of

early reflections, during which time the incoherence mea-

sure quickly increases, and the onset of the stable maximum

value maintained throughout the late reverberation tail

(Mass�e et al., 2020a). In practice, this maximum value is not

exactly constant due to the increasing presence of back-

ground noise; as such, the noise-floor time (see Sec. II C)

must be estimated first to avoid erroneously identifying the

noise floor instead of the mixing time.

This first segmentation is shown with circles in Fig. 1.

The segment with the smallest slope and covering the

FIG. 1. (Color online) example of mixing-time estimation using a SIR of

the Staatstheater, as detailed in Sec. III C 4.
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longest duration corresponds to the maximum incoherent

segment and thus the late reverberation. The mixing time is

then tentatively defined as the start of this segment.

The selected late reverberation segment of the incoher-

ence profile can then itself be re-segmented to detect any

irregularities near its onset (green stars in Fig. 1), which

may correspond to late-arriving coherent early reflections

overlooked by the original segmentation (Mass�e et al.,
2020a). The mixing time may then be re-adjusted accord-

ingly by giving the resulting sub-segments “scores” calcu-

lated as the geometric mean of each sub-segment’s length

and the inverse of its slope’s absolute value. Choosing to re-

adjust the mixing time to the start of the first sub-segment

whose score is above or equal to the median score has been

found to give consistently robust results.

B. Energy-decay curve (EDC)

The EDC was first introduced as a way to calculate the

decay time T60 from a room impulse response (Schroeder,

1965). The EDC consists of the reverse integration of the

energy from an impulse response h, which can be calculated

at time t using

EDCðtÞ ¼
ð1

t

h2ðsÞ ds: (1)

The EDC was later expanded to the time-frequency domain

with the energy-decay relief (EDR) (Jot, 1992), in which a

set of frequency bands x are used to calculate frequency-

dependent decay curves using

EDRðt;xÞ ¼
ð1

t

h2ðs;xÞ ds: (2)

C. Noise-floor time

One weakness of the EDC as an analysis method is the

contribution to the reverse integration of non-decaying

background noise present in a measured impulse response.

As such, a long period of noise contained in an impulse

response will have an impact on the EDC calculation and

hide some details from the decay analysis (Guski and

Vorl€ander, 2014; Karjalainen et al., 2002). Therefore, when

analyzing an impulse response, identifying the moment

where this noise becomes prominent in relation to the decay-

ing signal is important.

One method to estimate the noise-floor time tnoise is to

analyze the EDC on the dB scale using an adaptive

Ramer–Douglas–Peucker algorithm to yield simplified

curve segments (Mass�e et al., 2020b). In the case of a SIR,

the omnidirectional channel can be used. These segments

are then compared to the reverse integration of an ideal non-

decaying dB-scale noise profile to find the best-matching

one. Sufficient headroom above the noise profile should be

used to account for the transition period where the reverber-

ation decay and the noise floor start to blend. The noise-

floor limit tnoise is defined as the last segment point above

this specified headroom.

D. Denoising

Noise can also create undesired artefacts when using an

impulse response for sound reproduction through convolu-

tion, since audible noise will create an infinite reverberation

effect. Furthermore, amplifying the impulse response will

also amplify the noise in the reproduction, which limits its

usable dynamic range. For these reasons, methods have

been developed to replace the end of an impulse response

with an artificial decaying noise sequence, which follows

the appropriate decay (Mass�e et al., 2020b).

In the case of isotropic diffuse reverberation tails, this

denoising can be implemented directly in the SHD (Mass�e
et al., 2020b). However, to allow for anisotropic decays, a

spatial decomposition must be used, such as a plane wave

decomposition (Mass�e et al., 2020a). This decomposition

must be designed to preserve linear independence between

the signals, maximize spatial incoherence (see Sec. II A),

and minimize directivity variance over the sphere (Mass�e
et al., 2020a). The first condition implies that the number of

decomposition directions must be exactly equal to the num-

ber of SHD components in order to transform back to the

SHD after denoising. The second and third conditions have

been found to be jointly optimized by using a Fliege-type

layout for the decomposition directions (Fliege and Maier,

1996).

III. OBJECTIVE EVALUATION

To gain a better understanding of the direction-

dependent characteristics of a SIR, we propose an objective

measurement method to analyze the energy distribution in a

sound field throughout its decay.

A. Proposed method

Starting from a SIR encoded in Ambisonics, which is a

compact representation of the sound field in the SHD

(Gerzon, 1975), we first extract a set of directional impulse

responses (DIRs) for a chosen set of incident directions. A

DIR is obtained from the SIR using a beamforming method.

Hypercardioid beamforming is used here for its simplicity

and because it can extract a signal with a maximum directiv-

ity index (Rafaely, 2015). A signal obtained with the hyper-

cardioid beamformer can be formulated as

yðt;/; hÞ ¼ yð/; hÞ sðtÞ; (3)

where yð/; hÞ is the ðLþ 1Þ-dimensional vector of spherical

harmonic functions Ylm of order l 2 Zþ and degree m 2 ½�l; l�,
up to a band limit l � L for a given direction with longitudinal

value 0 � / < 2p and elevation value �p=2 � h � p=2, and

sðtÞ is the Ambisonics signal at time t.
The beamformer used to extract the DIRs will impact

the data used in the analysis. More specifically, the width of

the mainlobe will have a smoothing effect over multiple

J. Acoust. Soc. Am. 149 (5), May 2021 Alary et al. 3191

https://doi.org/10.1121/10.0004770

https://doi.org/10.1121/10.0004770


directions and will reduce the dynamic range of individual

DIR signals when a narrow characteristic is present in a par-

ticular direction.

From these DIRs, we can calculate directional EDCs

(Berzborn and Vorl€ander, 2018) by updating Eq. (1) to

EDCðt;/; hÞ ¼
ð1

t

y2ðs;/; hÞ ds: (4)

These energy curves are converted to the dB scale:

EDCdBðt;/; hÞ ¼ 10 log10ðEDCðt;/; hÞÞ: (5)

In an isotropic sound field, the energy coming from any inci-

dent direction is equivalent to a mean calculated over all

directions. As such, the next step is to calculate this mean

for a chosen set of N directions (/i; hi) as

EDCdBðtÞ ¼
1

N

XN�1

i¼0

EDCdBðt;/i; hiÞ: (6)

We define the EDD for each direction as the deviation

from the isotropic mean (Alary et al., 2019a):

EDDðt;/; hÞ ¼ EDCdBðt;/; hÞ � EDCdBðtÞ: (7)

The EDD values represent how much energy remains in the

decay at a given time and direction relative to the EDCdB.

Keeping in mind the smoothing caused by the beamformer,

the range of the deviation itself is an important piece of

information in the EDD.

The EDD can also be used to analyze the decay charac-

teristics in the frequency domain simply by replacing the

EDC with frequency-dependent EDR curves in Eq. (6) for a

set of center-frequency bands x. We obtain a frequency-

dependent mean EDR from

EDRdBðt;xÞ ¼
1

N

XN�1

i¼0

EDRdBðt;x;/i; hiÞ; (8)

from which we can calculate the frequency-dependent EDD

using

EDDðt;x;/; hÞ ¼ EDRdBðt;x;/; hÞ � EDRdBðt;xÞ:
(9)

Due to the inherent limitations of spherical microphone

arrays, a bandpass filter should be applied to limit the fre-

quency range of the analysis (Rafaely, 2005).

To illustrate how different directional decay times may

affect the anisotropy, an artificial signal was generated using a

set of decaying Gaussian white noise signals distributed to a set

of points around a sphere. Individual signals were created using

a set of direction-dependent decay times T60ð/; hÞ distributed

using a cardioid pattern (Fig. 2). Each signal was mixed with

another noise sequence of fixed amplitude (–60 dB), represent-

ing the noise floor, and was encoded into fourth-order

Ambisonics for each angle pair (/i; hi).

In Fig. 3, we can see the resulting EDD on the horizon-

tal plane. Darker areas represent larger deviations to

EDCdB, while white represents no deviation. In the online

version, the red color highlights areas where more energy

remains in the decay, therefore showing directions with a

longer T60, while the blue shows the opposite.

B. Interaural-energy-decay deviation (IEDD)

The SIR can also be encoded to a binaural signal using

a set of head-related transfer functions (HRTFs) to yield a

binaural room impulse response (BRIR), which can be use-

ful for an objective measure closer to human perception.

Through this, the direction-dependent characteristics are

collapsed into frequency-dependent perceptual attributes for

a fixed orientation of the sound field. Using the BRIR, we

can compute the EDR of each binaural channel separately.

FIG. 2. (Color online) T60ð/; 0�Þ of an artificial test signal, showing its dis-

tribution on the azimuthal plane. The signal was generated to approximate a

cardioid pattern.

FIG. 3. (Color online) EDD of the artificial signal on the azimuthal plane.

Darker areas represent larger deviations to EDCdB, while white represents

no deviation.
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Here, we no longer have a meaningful EDC to use as refer-

ence. Instead, we look at the IEDD between the two binaural

channels, which can be calculated as

IEDDðt;xÞ ¼ EDRL
dBðt;xÞ � EDRR

dBðt;xÞ; (10)

where the EDRL
dB is computed from the left channel of the

BRIR and the EDRR
dB from the right channel. For an over-

view of the energy deviation per frequency, we calculate the

root mean square over the time axis

IEDDðxÞ ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
1

T

XT�1

t¼0

IEDDðt;xÞ2
vuut : (11)

C. Results

Several impulse responses were analyzed using the

EDD method. This section details the objective results from

four recorded SIRs. The SIRs were all recorded in fourth-

order Ambisonics using the 32-capsule Eigenmike
VR

micro-

phone array (mhacoustics, 2020). The same SIRs are also

used in the perceptual evaluation detailed in Sec. IV.

For visualization purposes, we only show the azimuthal

plane in the following result plots, which corresponds to the

0� azimuthal plane in the recording setup. Here, EDCdB was

calculated from the signals taken from the azimuthal plane

as well, meaning it is not an average over the full sphere. An

average taken from points around the sphere would lead to

poor visualization if a dominant direction were located out-

side the azimuthal plane. Video files containing the full

spherical EDD analysis are included as supplementary

material.1

In the following descriptions, the mid-frequency Tmid
60 is

defined as the mean reverberation time for all directions

between the 500 Hz and 1 kHz octave bands.

1. Ath�en�ee Theatre

Figure 4(a) shows the EDD taken on the azimuthal

plane from a SIR captured at the Ath�en�ee Theatre in Paris,

France. This theatre is a 550-seat late 19th-century Italian-

style hall. The loudspeaker and microphone were 12.4 m

apart, and the mixing time was estimated to be 173 ms. This

particular measurement was made with the source loud-

speaker on the open stage and the receiving spherical micro-

phone array on the far audience-left side of the hall next to a

doorway opened onto an adjacent garden, about halfway

down the orchestra level. As such, the measurement was

deliberately set up to have strong anisotropic characteristics.

In the EDD figures, we observe strong energy centered

around 90�, and the Tmid
60 is 1.50 s.

FIG. 4. (Color online) EDD analysis on the lateral plane of four halls: (a) the Ath�en�ee Theatre, (b) the Church of Saint Eustache, (c) the Staatliche

Kunsthalle art museum, and (d) the Badisches Staatstheater. In the online version, the red areas represent the dominant directions of late reverberation. The

dashed vertical blue line represents the estimated mixing time.

J. Acoust. Soc. Am. 149 (5), May 2021 Alary et al. 3193

https://doi.org/10.1121/10.0004770

https://doi.org/10.1121/10.0004770


2. Church of Saint Eustache

In Fig. 4(b), the EDD represents the azimuthal plane

from a SIR captured at the Church of Saint Eustache in

Paris, France. The Church of Saint Eustache is a large 17th-

century Gothic church. The church is approximately 100 m

long, 40 m wide, and 30 m tall. In this SIR, the microphone

was 33.9 m away from the loudspeaker, and the estimated

mixing time was 428 ms. The measurement used here was

captured with the source centered at the foot of the nave and

the receiver centered on the steps leading from the crossing

to the choir. A much smaller range of deviation is observed

in the EDD here, with some frequency-dependent character-

istics. The energy of the early reflections, before the mixing

time, is concentrated around 90�, and the deviation range is

very small during the first 2 s of late reverberation. The Tmid
60

of the church is measured at 6.2 s.

3. Staatliche Kunsthalle art museum

In Fig. 4(c), the SIR was captured at the Staatliche

Kunsthalle art museum in Karlsruhe, Germany in the muse-

um’s permanent exhibition space, with the source in one dis-

play room and the receiver through a large doorway and

around the corner in another, resulting in an indirect coupled

volume configuration. A deviation range of approximately

8 dB is present in the broadband analysis along with dominant

energy throughout the decay centered around 290� for an esti-

mated mixing time of 397 ms. In Fig. 5, we observe a second

dominant direction emerging near 90� at 4000 Hz. Here, the

sound source and the microphone were 16 m apart, but there

was no direct path between the sound source and the receiver,

since they were both on a different side of the coupled volume,

and the microphone was located more than 2 m away from the

closest wall. In this space, the Tmid
60 is 4.2 s.

4. Badisches Staatstheater

The SIR in Fig. 4(d) was recorded at the Badisches

Staatstheater in Karlsruhe, Germany. The Staatstheater is a

modern 1000-seat opera and theatre hall (opened in 1975)

with wood paneling on concrete walls and an asymmetric

layout. The measurement used here was made with both

source and receiver at the orchestra level and centered with

respect to the stage. The stage area was closed off with an

iron curtain, and the orchestra pit was covered with flooring,

thereby removing any potential coupled spaces. The source

was placed in one of the last rows, and the receiver was

approximately 6.2 m away, centered toward the stage. In

this SIR, the EDD analysis of the azimuthal plane yields

clear dominant energy centered at 90�, which is stable

across frequencies and time. In this hall, the deviation range

is approximately 4 dB, and the Tmid
60 is 1.7 s. Early in the

decay, more energy is observed toward 275�, but it quickly

dissipates after the mixing time, which was estimated to be

295 ms.

D. Interaural EDD

In Fig. 6, each of the above SIRs were also analyzed

using the IEDDðxÞ method described by Eq. (11). Each

curve shows the spectral deviations that occur in the energy

decay between the left and right binaural channels, which

illustrates the perceptual attribute when a listener faces a

specific direction. In Fig. 6(a), the listener faces (0�, 0�) and

in Fig. 6(b) (135�, 0�). Each BRIR was encoded using the

Ambisonics-to-binaural plugin included in the SPARTA suite

(McCormack and Politis, 2019) with the default set of

HRTFs. The differences between Figs. 6(a) and 6(b) illus-

trate the impact of head orientation on the IEDD characteris-

tics due to the spectral envelopes of the direction-dependent

HRTF filters. Note that the SIRs used here, both normal and

rotated, are the same ones used in the perceptual study

detailed in Sec. IV.

FIG. 5. (Color online) EDD analysis of the Staatliche Kunsthalle art

museum at 4 kHz, cf. Fig. 4(c).

FIG. 6. (Color online) IEDDðxÞ curves of the four analyzed SIRs in (a) the

non-rotated and (b) the 135� rotated sound field. The dB values represent the

spectral deviation, averaged over time, between the left and the right ear.
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Through this analysis, the full perceived sound field is

analyzed, and since we average over time, a smoothing of

the values occurs. For these reasons, the analysis yields dif-

ferent information than the EDD analysis of the azimuthal

plane. Nonetheless, the Ath�en�ee Theatre still has the stron-

gest attributes, whereas the Church of Saint Eustache has

the lowest. The analysis of the Staatliche Kunsthalle art

museum has a slight peak centered around 800 Hz, whereas

the Badisches Staatstheater has a higher frequency-

dependent deviation above 3 kHz.

IV. SUBJECTIVE EVALUATION

Although the proposed objective evaluation method

demonstrates anisotropy in the four cases detailed above,

verifying that this anisotropy is in fact audible is important.

Understanding the audibility of an anisotropic sound field is

also crucial to help determine when this anisotropy is impor-

tant in reproduction. Since the key assumption in multichan-

nel reverberation is that the decaying sound field is

perceived to be isotropic after the mixing time, the percep-

tual test is constrained to the audibility of the sound field

after this mixing time. The following perceptual study

assesses the capacity of a listener to detect the perceptual

cues that arise from a rotation on the azimuthal plane of a

SIR. To abstract the perception of the early specular reflec-

tions, the rotation is only performed after the mixing time,

which means that the early reflections are static throughout

the experiment.

A. Overview

To create a new set of SIRs containing a rotated sound

field, a rotation of 135
�

on the azimuthal plane was per-

formed in the SHD using a Euler rotation matrix. The begin-

ning of the unrotated version of each of the chosen SIRs was

then mixed together with the corresponding rotated late

parts using a short cross-fade of 10 samples on every

Ambisonics channel to transition between the early part and

late reverberation part at tmix. No test subject reported any

audible artefacts from the cross-fade during the perceptual

study.

B. Hypotheses

The subjective evaluation was designed to verify the

following hypotheses:

H0: the subjects cannot identify when the sound field is

rotated in an artificial isotropic SIR,

H1: the subjects can differentiate between the rotated and

non-rotated recorded SIRs,

H2: the identification rate is positively linked with the max-

imum range of values in the IEDDðxÞ,
H3: stimuli with a broader frequency spectrum are easier to

identify.

C. Apparatus and calibration

The perceptual study was conducted in the facilities of

the Acoustics Lab of Aalto University, located in Espoo,

Finland (Fig. 7). The anechoic chamber is an extremely

silent space, as its A-weighted background noise level is

�2.1 dB when the loudspeakers are turned off and 11.6 dB

when the loudspeakers are turned on (Kuusinen and Lokki,

2020). The room has 350-mm thick absorbent material on

every surface and meets the free-field conditions from 50 Hz

upward, which satisfies the requirements of ISO 3745:2003

(2003). The inside of the room is approximately 5 m wide,

5 m long, and 5 m high with a metal grid floor suspended

1 m above the bottom.

The loudspeaker array consists of 37 Genelec Ones

8331 A speakers, which are uniformly distributed on five

circular rings with one extra speaker overhead, as illustrated

in Fig. 8. The computer was connected to an RME ADI-

6432 audio interface via a RME MADIface XT external

soundcard module. The RME ADI-6432 sends the 37-

channel audio signals to the loudspeakers in the anechoic

multichannel room.

The loudspeaker array was calibrated using the calibra-

tion software recommended by Genelec (Iisalmi, Finland),

GLM 3. The calibration procedure for the perceptual study

consisted of measuring sine sweeps from all individual loud-

speakers at the listening position. The system then opti-

mized the loudspeaker levels and delays to ensure balanced

levels and synchronized times of arrival from every loud-

speaker to the listening position. Also, as part of the calibra-

tion procedure, the frequency responses of the loudspeakers

were analyzed, and the main peaks in their magnitude

response were equalized to ensure a neutral sound

reproduction.

D. Spatial coherence

The spatial coherence introduced by the Ambisonics

decoder was evaluated to ensure that any artefacts intro-

duced in the decoding phase did not interfere with the per-

ceptual study. For this purpose, a set of fully incoherent and

isotropic signals was produced using white Gaussian noise

FIG. 7. (Color online) Picture of the multichannel reproduction room used

in the perceptual study.
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with a common decay envelope. Individual signals were dis-

tributed to a specific point on a t-design spherical grid of

840 points before encoding them to fourth-order

Ambisonics. The encoded signal was in turn decoded to the

loudspeaker array configuration used in the perceptual

study.

Figure 9 shows the coherence matrix between the dif-

ferent output channels. Here, 1 represents two fully coherent

channels and 0 two fully incoherent ones. The diagonal line

represents the coherence between each channel and itself,

which is always 1. Figure 9 indicates that a small amount of

coherence is introduced by this decoding, which is expected

in Ambisonics signals.

To obtain the results in Fig. 10, the coherence matrix

measured before and after applying a rotation of 135� is

subtracted from the isotropic test signal. The maximum dif-

ference in coherence is less than 0.025, which is negligible.

This suggests that the loudspeaker array is well distributed

and that any coherence introduced in the decoding stage will

be consistent throughout the subjective evaluation.

Generally, we expect an impulse response to have very

low coherence between channels after tmix due to the large

amount of uncorrelated plane waves coming from all direc-

tions. To validate this hypothesis, we measured the differ-

ence in coherence between the original and rotated impulse

response used in the listening test. These results are not

included here, since they are all <0.1 and hence negligible

and similar to the synthetic example shown in Fig. 10.

E. Stimuli

The stimuli were chosen to be varied and to represent

usual broadcasting sounds as specified by the International

Telecommunication Union (2015). The chosen samples con-

sist of recordings of a trumpet, a male voice, percussion,

and a guitar. All stimuli were recorded in acoustically dry

conditions. A synthetic signal was also used, serving as a

reference stimulus. This synthetic stimulus is based on a

pink impulse, a linear-phase signal with a spectrum corre-

sponding to HðxÞ ¼ 1=
ffiffiffiffi
x
p

(Liski et al., 2018). The goal

was to assess whether its broader frequency range yields a

higher identification rate than the natural sounds by exciting

more room modes in a SIR (H3).

All the above stimuli were convolved with the four

SIRs evaluated in Sec. III C as well as the synthetic isotropic

signal used in Sec. IV D, which served as the anchor to con-

firm the null hypothesis H0. The same samples were also

convolved with the rotated version of the same SIRs follow-

ing the procedure detailed in Sec. IV A. The resulting

Ambisonics files were then decoded for the loudspeaker

array layout.

FIG. 8. (Color online) Channel distribution of the loudspeaker array used

for reproduction in the perceptual study, cf. Fig. 7. Channel one is directly

above the listener.

FIG. 9. (Color online) Coherence between channels after encoding an artifi-

cial signal to fourth-order Ambisonics and decoding it to the specified loud-

speaker array.

FIG. 10. (Color online) Differences in coherence between a 135� rotation

of the artificial signal on the azimuthal plane and the original, non-rotated

signal. White (0) means that the coherence is exactly the same. Here, the

range of values is very small and, as such, perceptually negligible.
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F. Participants

For the perceptual study, 18 audio researchers partici-

pated, all with prior experience in spatial audio perceptual

evaluation and no reported hearing impairments. The mean

age of the subjects was 33. The results from two of the first

participants were discarded, bringing the total down to 16.

These participants received different instructions from the

others, and they had poor results with the reference aniso-

tropic SIR, which was correctly identified by all the other

subjects.

G. Method

The perceptual study follows the guidelines for assess-

ing small impairments in audio systems proposed in ITU-R

BS.1116–3 (International Telecommunication Union, 2015).

With this method, we assessed the ability of a listener to

detect small differences occurring when a decaying sound

field is rotated. A reference signal was presented to the lis-

teners along with two blind stimuli, and their task was to

identify the reference from the two stimuli.

The experiment was implemented using MAX

(Cycling’74, San Francisco, CA). The main interface, shown

in Fig. 11, was displayed on a tablet with which the test sub-

ject could select to play and stop either the reference or the

two blind stimuli. The subjects could switch between stimuli

at any time during playback, but no reverberation tail was

heard if a stimulus was stopped before the end, since the

stimuli were encoded in advance. An equal-power cross-

fade of 50 ms was applied to transitions between the stimuli.

The subjects were instructed to adjust the volume to a com-

fortable level. All the SIRs were captured beyond the critical

distance, meaning that the reverberant part of the signal con-

tained more energy than the direct sound.

The subjects were instructed to pay special attention to

the directions perceived as dominant during the late rever-

beration. The direction of the direct sound varied from one

SIR to another but was consistent between stimuli of the

same SIR, since the rotation was applied after the mixing

time. The subjects were encouraged to rotate their body

while remaining seated in the sweet spot of the room to vary

the listening angle and minimize the impact of direction-

dependent binaural cues, such as the cone of confusion, as

illustrated by Fig. 6. Each subject was presented with the

same 50 stimuli in random order.

H. Results of perceptual study

Figure 12 shows the results for individual test subjects,

identified with light circles. These individual results are all

multiples of 10%, since each SIR was presented ten times to

each subject (five stimuli with one repetition). The horizon-

tal dashed line represents the confidence line for a set of M
trials, which is calculated using

M=2þ
ffiffiffiffiffi
M
p

: (12)

The coherence between the various output channels,

before and after the rotation, shows very low correlation

between channels, as mentioned in Sec. IV D. Since H0

states that a rotation in the late part of an isotropic sound

field with low coherence is not identifiable, this suggests

that the inter-channel cross correlation was not a key factor

in discriminating between the stimuli. The results from

Ath�en�ee, Kunsthalle, and Staatstheater all support H1, but

the rotation of the sound field in the Church of Saint

Eustache, which also has the smallest range of IEDDðxÞ,
was not identified in a statistically significant way, as its

FIG. 11. (Color online) Interface used in the perceptual study. Pressing the

“Ref,” “A,” or “B” buttons switches playback or stops it if it was already

playing.

FIG. 12. (Color online) Listening-test results for each participant are repre-

sented by thin circles that are spread over the horizontal axis for visibility.

The average identification rate of each SIR is presented as a thick circle,

with the line segment representing its 95% confidence interval. The confi-

dence line for M¼ 160 trials is indicated with a horizontal dashed line. The

results show that the rotated sound field was identified in a statistically sig-

nificant way for the SIRs recorded at Ath�en�ee, Kunsthalle, and

Staatstheater.
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average result is lower than the confidence line in Fig. 12.

Ath�en�ee, which has the highest identification rate in Fig. 12,

has also the largest values of IEDDðxÞ (see Fig. 6), which is

consistent withH2.

The result labeled “Isotropic” in Fig. 12 refers to the

artificial signal created to be fully isotropic, as detailed in

Sec. IV D. These results indicate that beyond a threshold

close to IEDDðxÞ > 1 dB, the reproduction of direction-

dependent decays is necessary for an accurate reproduction

of the sound field. In the case of the Staatliche Kunsthalle

art museum, an IEDDðxÞ of 1.1 dB around 850 Hz was suf-

ficient to differentiate the stimuli.

Figure 13 shows the results separately for each stimu-

lus, using the results from the three identifiable rotated SIRs

(Ath�en�ee, Kunsthalle, and Staatstheater). The results indi-

cate a slight increase in detection rate using the pink

impulse, but overall, no statistically significant differences

occur in perception between each stimulus, which contra-

dicts H3. In other words, the results demonstrate that the

anisotropic late reverberation is audible with all tested

sounds.

I. Discussion

We can see that although the reverberated signal is well

decorrelated in every direction, some directions may still

exhibit some energy deviation beyond the mixing time.

Since this anisotropy in late reverberation is also perceivable

in the selected examples, these results suggest the impor-

tance of considering direction-dependent characteristics in

the decay. The positive link between the objective measures

and the perceptual detection rate in our results suggests that

this analysis framework is suitable to assess the perception

of anisotropy in specific cases. While more work remains to

establish the specific spectro-temporal threshold of these

characteristics, the framework detailed in this article should

help future studies on this topic.

V. CONCLUSION

In conclusion, we introduced a framework to analyze

and assess the anisotropic features of SIRs, both objectively

and subjectively. The proposed objective measure can high-

light direction-dependent characteristics in a decaying sound

field and can serve as an analysis tool to estimate the energy

deviation in a perceived binaural sound field. A subjective

evaluation method was proposed to assess our capacity to

hear these anisotropic characteristics by rotating the sound

field after the mixing time.

The perceptual study performed with this method

demonstrated a correspondence between the direction-

dependent deviation in the energy decay and the detec-

tion rate between stimuli. Although more work is neces-

sary to identify a precise perceptual threshold for these

characteristics, our experiment found that an IEDD of

1.1 dB around 850 Hz was sufficient to identify the

rotated stimulus. Therefore, the results detailed in this

paper suggest that reproducing the direction-dependent

characteristics in late reverberation is more important

than previously thought and that special attention should

be paid to the amount of direction-dependent deviations

in the energy decay for the accurate reproduction of spa-

tial sound.

Future work includes studying specific factors influenc-

ing the perception of anisotropic characteristics, such as the

visual appearance of the space, overall volume, and the

proximity between the source and the listener, that could

produce a masking effect in this context.
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FIG. 13. (Color online) Listening-test results per stimulus, using only the

SIRs that were well identified in Fig. 12 (Ath�en�ee, Kunsthalle, and

Staatstheater). The results per participant are represented by thin circles.

The average of each stimulus is shown with a thick circle with a 95% confi-

dence interval. The horizontal dashed line is the confidence line for M¼ 96

trials. These results demonstrate that no statistically significant differences

were noted between the stimuli, since their confidence intervals overlap.
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1See supplementary material at https://www.scitation.org/doi/suppl/

10.1121/10.0004770 for a full EDD analysis of the spherical sound field.

The file list includes the video rendering of the EDD of the Ath�en�ee

Theatre (SuppPubmm1.avi), the Church of Saint Eustache

(SuppPubmm2.avi), the Staatliche Kunsthalle (SuppPubmm3.avi), and

the Badisches Staatstheater (SuppPubmm4.avi).
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