Proceedings of the 3Dinternational Conference on Digital Audio Effects (DAFx-17), Edinburgh, UK, September 5-9, 2017

DIFFUSE-FIELD EQUALISATION OF FIRST-ORDER AMBISONICS

Thomas McKenzie, Damian Murphy, Gavin Kearney

Audio Lab,
Communication Technologies Research Group
Department of Electronic Engineering
University of York
York, UK
ttm50/@york.ac.uk

ABSTRACT Whether diffuse- eld equalisation improves timbral consis-
Timbre is a crucial element of believable and natural binaural syn- tency across different rst-order Ambisonic virtual loud-
thesis. This paper presents a method for diffuse- eld equalisation speaker con gurations.
of rst-order Ambisonic binaural rendering, aiming to address the Though the methods and ideas presented have been imple-

timbral disparity that exists between Ambisonic rendering and head mented for binaural reproduction of Ambisonics, they could be
related transfer funCtion (HRTF) COnVOlUtiOn, as We" as betWeen apphed to |0ud5peaker reproduc’[ion of Ambisonics too. Th|s paper
different Ambisonic loudspeaker con gurations. The presented s structured as follows. Sectiph 2 presents a brief background of
work is then evaluated through listening tests, and results indicatetheoretical and practical approaches relevant to this study. Sec-
diffuse- eld equalisation is effective in improving timbral consis- - tion[3 describes the methodology for diffuse- eld simulation and
tency. equalisation of Ambisonic virtual loudspeakers. Evaluation of the
method is presented in Sect{oh 4 through listening tests, results and
1. INTRODUCTION discussion. Finally, conclusions and future directions for the work
are summarised in Sectibh 5.
With the recent increased interest in virtual reality due to the de-
velopment of high resolution head mounted displays (HMDs) that
utilise low latency head tracking, it is desirable to have a matching
aural experience that is more realistic than stereophony. Commer-.

cial spatial audio systems need to be suitable for a wide audience,z'l' Ambisonics

be portable and require minimal con guration and calibration. Bin- ambisonics is a spatial audio approach that allows recording, stor-
aural audio is a spatial audio approach that aims to reproduce theng and reproduction of a 3D sound eld, rst introduced by
natural localisation cues that allow humans to discern the position pichael Gerzon in the 19705 f5]. Ambisonics is based on spatial

of sound sources: primarily the interaural time and level differences sampling and reconstruction of a sound eld using spherical har-
(ITD and ILD, respectively) and spectral cues produced by the monics [8]. Ambisonics has many advantages over other surround
shape, position and orientation of the ears, head and body. Thesgound approaches. Whereas for most surround sound systems each
cues can be recorded and stored as head related transfer functionghannel of the recording is the speci ¢ signal sent to an individual
(HRTFs). loudspeaker, the number and layout of loudspeakers for reproduc-

The most convincing binaural systems are the most naturaltion of Ambisonic format sound does not need to be considered in
sounding ones [1]. As spectral changes are the biggest differenthe encoding or recording process. Furthermore, the sound eld
tiating factor between simulation and reality [2], timbre is a vital can be easily rotated and transformed once in Ambisonic format.
consideration for binaural reproduction. All parts of the binaural Ambisonics can be rendered binaurally over headphones using
simulation chain affect timbre, from the transducers and equipment 5 virtual loudspeaker approach by convolving each loudspeaker
used in the recording and reproduction stages to signal processsignal with a HRTF corresponding to the loudspeaker's position.
ing. A timbrally transparent binaural experience therefore requires The convolved binaural signals from every loudspeaker in the con-
consideration of each part of the process. guration are then summed at the left and right ears to produce

Binaural reproduction of a source at any angle to the head the gverall headphone mix. The binaural Ambisonic approach to
can be reproduced through interpolation of a dense grid of HRTFs gpatial audio is popular with virtual reality applications and used
or through “virtualisation of loudspeaker arrays using HRTFs at iy conjunction with HMDs, as head rotations can be compensated
the loudspeaker angles. The naturalness of reproduction for thehrough counter-rotations of the sound eld before it is decoded
latter case is therefore dependent on tlhe spatial audio rend(_aringor the loudspeaker con guration|[9, 1L0], thus removing the need
scheme used, such as wave eld synthesis 3], vector base amplitudgor computationally intensive interpolation across a large dataset of
panning|[4] or Ambisonics [5]. HRTFs [11].

This paper presents a method for diffuse- eld equalisation of  The number of channels in an Ambisonic format is determined
three rst-order Ambisonic virtual loudspeaker con gurations. This by the Ambisonic order. First-order Ambisonics has 4 channels:
study aims to answer the following: one with an omnidirectional polar pattern (W channel) and three

Whether diffuse- eld equalisation increases timbral con- with gure-of-eight polar patterns facing in the X, Y and Z direc-
sistency between Ambisonic binaural rendering and direct tions (X, Y and Z channels). In reproduction, each loudspeaker
HRTF convolution. is fed an amount of the W, X, Y and Z channels depending on

2. BACKGROUND
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its position. A regular arrangement of loudspeakers in a sphereresults than no equalisation at all [20]. Therefore, headphone equal-
can produce an accurate representation (at low frequencies) of thésation should always be calculated from an average of multiple
original sound eld at the centre, also known as the “sweet spot' measurements. This will smooth out the deep notches and reduce
[10] of the sphere. Increasing the Ambisonic order expands thesharp peaks in the inverse lIter, which are more noticeable than
number of channels, introducing greater spatial discrimination of troughs|[21, 22].
sound sources. Higher-order Ambisonics requires more loudspeak-  Non-individual headphone equalisation can also be detrimen-
ers for playback, but the sound eld reproduction around the head tal to timbre, unless the non-individual headphone equalisation
is accurate up to a higher frequency/|[12]. is performed using the same dummy head as that used for binau-
A major issue with Ambisonics is timbre. Depending on the ral measurements, which has been shown to produce even greater
order of Ambisonics used, reproduction above the spatial alias-naturalness than individual headphone compensdtidn [23].
ing frequency, relative to the head size, is inaccurate and timbral
inconsistencies exist which are noticeable when listening. This
inconsistency is caused by spectral colouration above the spatial

aliasing frequency due to comb ltering inherent in the summation ) . . . )

of coherent loudspeaker signals with multiple delay paths to the T1iS section presents a method for simulating an approximate

ears. Timbre between different loudspeaker layouts also variestiffuse- eld response and equalisation of three Ambisonic virtual
loudspeaker con gurations (see Taple 1). As this study used virtual

substantially, even without changing the Ambisonic order. The X ) AR -
unnatural timbre of Ambisonics therefore makes the produced spalotudspeakers, calculations were made using Ambisonic gains ap-

tial audio easily distinguishable from natural sound elds. This Plied to head related impulse responses (HRIRs): the time-domain

poses signi cant issues for content creators who desire a consistenfduivalent of HRTFs. No additional real-world measurements were

timbre between different playback scenarios. necessary. _ o
The three loudspeaker con gurations utilised in this study were

the octahedron, cube and bi-rectangle (see Tgble 1). In this paper,
all sound incidence angles are referred to in spherical coordinates
A diffuse- eld response refers to the direction independent fre- 0f azimuth (denoted by) for angles on the horizontal plane, and
quency response, or the common features of a frequency responselevation (denoted by) for angles on the vertical plane, with

at all angles of incidence. This can be obtained from the root-mean{0 ;0 ) representing a direction straight in front of the listener
square (RMS) of the frequency responses for in nite directions at the height of the ears. Changes in angles are positive moving
on a spherg [13]. A diffuse- eld response of a loudspeaker array anticlockwise in azimuth and upwards in elevation.

requires an averaging of the frequency responses produced by the

loudspeaker array when playing sound arriving from every point Table 1:First-Order Ambisonic Loudspeaker Layouts.

on a sphere (including between loudspeaker positions), however

3. METHOD

2.2. Diffuse-Field Equalisation

a suf cient approximate diffuse- eld response can be calculated Loudspeaker numbe Loudspeaker locatiof ; )
from a nite number of measurements. It is important to sample P Octahedron| Cube | Bi-rectangle
the sound eld evenly in all directions to not introduce bias in any 0,90 45, 35 90, 45

direction.

Diffuse- eld equalisation, also referred to as diffuse- eld com-
pensation, can be employed to remove the direction-independent
aspects of a frequency response introduced by the recording and
reproduction signal chain. A diffuse- eld equalisation lter is cal-
culated from the inverse of the diffuse- eld frequency response.
Diffuse- eld compensation of a loudspeaker array is achieved by
convolving the output of the array with its inverse lter.

45,0 135,35 270, 45
135,0 225,35 45,0
225,0 315, 35 135,0
315,0 45, -35 225,0
0,-90 135, -35 315,0
225,-35 90, -45
315, -35 270, -45

oO~NOOBAWNBE

2.3. Individualisation
3. Indwidualisatio 3.1. Even distribution of points on a sphere

Though individualised HRTFs produce more accurate localisa- ) ) )
tion cues and more natural timbre than non-individualised HRTFs 1€ approximate diffuse- eld responses were calculated using 492

[1417], the measurement process is lengthy and requires speci c'égularly spaced points on a sphere. The points were calculated by
hardware, stringent set up and an anechoic environment. For widedividing each of the 20 triangular faces on an icosahedrornhto

use individualised HRTFs are therefore not practical, and genericSUb-triangles, resulting in a polygon with 1470 equally sized faces
HRTFs produced from dummy heads are utilised. and 492 vertices. The vertices were then projected onto a sphere,

producing 492 spherical coordinates (see Fiflire 1) [24].

2.4. Headphone Equalisation

) . 3.2. Ambisonic encoding and decoding
The transfer function between a headphone and eardrum (HpTF) is

highly individual [18]19]. It also varies depending on the position The 492 spherical coordinates were encoded into rst-order Am-

of the headphones on the head: even small displacements of théisonic format, with N3D normalisation and ACN channel ordering.

headphone on the ear can produce large changes in the HpTF.  The Ambisonic encode and decode MATLAB functions used in this
Headphone equalisation has been shown to improve plausibility study were written by Archontis Politis [25]. The MATLAB build

of binaural simulations when correctly implemented [1], however used in this study was version 9.0.0 - R2016a. For each of the 492

equalisation based on just one measurement can produce worsdirections, gains for the W, Y, Z and X channels were produced.
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3.3. Diffuse-Field Calculation and Equalisation

An approximate diffuse- eld response was then generated as an
average of the power spectrum responses of the 492 HRIR pairs
(the equivalent of 492 measurements for different sound source
directions in the loudspeaker arrays) for each virtual loudspeaker
con guration. The contribution to the diffuse- eld response of each
HRIR pair was based on the solid angle of incidence to ensure
no direction contributed more or less depending on the number of
measurements from that direction.

Simulated diffuse- eld frequency responses of the three loud-
speaker con gurations are presented in Figgre 2. The differences
between the three con gurations are clearly visible, from the differ-
ing bass responses to the broadband deviations above 1 kHz. The
cube and bi-rectangle feature large boosts at 3 kHz and 2.5 kHz
respectively, while the octahedron is slightly attenuated between
1 kHz and 4 kHz. Above 6 kHz, all three con gurations vary

--Z axis--

signi cantly.
Figure 1: Distribution of 492 points on a sphere utilised in calcula-
tion of diffuse- eld response, fronj [24].
5t ‘/,"'\‘\ 4
The decode matrices for the three loudspeaker con gurations |~ g

were then calculated, again using N3D normalisation and ACN
channel ordering. For each loudspeaker in each con guration, this
produced the gain of the four Ambisonic channels (W, Y, Z and X)

as determined by the loudspeaker's position.

A dual-band decode method [26] was utilised in this study

o
T

to optimise the accuracy of localisation produced by the virtual
loudspeaker con gurations. As ITD is the most important azimuthal
localisation factor at low frequencies and no elevation cues exist
below 700 Hz|[2]/,28], a mode-matching decode, which is optimised
for the velocity vector [5], was used for this frequency range. Above
700 Hz, the wavelength of sounds become comparable or smallel
than the size to the human head (which on average has a diamete

Amplitude (dB)

'
o
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Octahedron (L)
Octahedron (R)
—— Cube (L)
—-—-Cube (R)
Bi-rectangle (L)
Bi-rectangle (R)

10

10°
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of 17.5 cm[[29]) and ILD is the most important localisation factor

in this frequency range. Above 700 Hz therefore, mode-matching Figure 2: Comparison of the diffuse- eld responses of three rst-
with maximised energy vector (MaxRe) [11] was used, which is order Ambisonic loudspeaker con gurations.

optimised for energy [30].

The decode matrices for each loudspeaker layout were there-  Inverse lters were calculated from the diffuse- eld responses
fore calculated twice: with and without MaxRe weighting, for the in the frequency range of 20 Hz - 20 kHz, using Kirkeby's least-
high and low frequencies respectively. The dual-band decode wasmean-square (LMS) regularisation methiod [32], which is perceptu-
achieved through a crossover between the two decode methods ailly preferred to other regularisation methdds [1]. To avoid sharp
700 Hz. The Iters used were 32nd order linear phase high passnotches and peaks in the inverse Iter, 1/4 octave smoothing was
and low pass lters with Chebyshev windows. used. By convolving the Ambisonic loudspeaker con gurations

The encoded Ambisonic channel gains were then applied to thewith their inverse lters, the diffuse- eld responses are equalised
loudspeaker decode matrices for each loudspeaker con gurationto within -~ 1.5 dB of unity in the range of 20 Hz - 15 kHz. The
resulting in a single value of gain for each loudspeaker for each diffuse- eld responses, inverse lters and resultant diffuse- eld
of the 492 directions. As this study used virtual loudspeakers for compensated (DFC) frequency responses of the three Ambisonic
binaural reproduction of Ambisonics, the gain for each loudspeaker loudspeaker con gurations are presented in Figjire 3.
was then applied to a HRIR pair measured at the corresponding
loudspeaker's location. The HRIRs used in this study were of the
Neumann KU 100 dummy head at 44.1 kHz and 16-bit resolution,

from the SADIE HRTF databasg [31]. To measure the effectiveness of diffuse- eld equalisation of rst-
The resulting HRIRSs for each virtual loudspeaker in the con g- order Ambisonics, two listening tests were conducted. The rst
uration were then summed, leaving a single HRIR pair for each of assessed whether diffuse- eld equalisation improves timbral con-
the 492 directions. The HRIR pairs represent the transfer function sistency between Ambisonic binaural rendering and diffuse- eld
of the Ambisonic virtual loudspeaker con guration for each direc- equalised HRTF convolution, and the second assessed whether
tion of sound incidence. This was repeated for the three Ambisonic the use of diffuse- eld equalisation improves timbral consistency
loudspeaker con gurations. between different rst-order Ambisonic virtual loudspeaker con g-

4. EVALUATION
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Figure 3: Diffuse- eld responses, inverse lters and resultant DFC responses of three rst-order Ambisonic loudspeaker con gurations.

urations. The tests were conducted in a quiet listening room using r
an Apple Macbook Pro with a Fireface 400 audio interface, which
has software controlled input and output levels. A single set of
SﬁnnheiseerD 650 circumlaural hea::lphones were use: fo(; arl]l tests. wherexn is the value of sample (x1;X; 22 Xn). The re-
These are free-air equivalent coupling (FEC). FEC headphones_ . . 1her :

offer more realistic re?)roduction of I;inagur(al so?mds over nog-FEC qwred_ RMS ampl.ltude for -23 dBFS RMS was calculated from the
headphone types, such as closed-back and in-ear headphones, ‘t;lq‘\J’Iowmg formula:

they do not alter the acoustical impedance of the ear canal when

placed over the ears [18, 33]. dBFSgrvs = 201094 Yrws ; 2

The listening tests were conducted using 22 participants, aged  whereYgys is the absolute value of RMS amplitude. To pro-
from 20 - 57. All had at least some experience in audio engineering duce an RMS level of 23 dBFS, Yrwus is thereforel0 1%, The
or music production, which was deemed a necessary prerequisitéormalisation constari€ , to which each test sound was multiplied,
as the task of assessing and comparing different timbres involvesyas calculated as
critical listening. All participants had normal hearing, which was
assessed prior to the listening tests through completion of an online _ 210 ¥19)
hearing test [34]. Timbre was de ned to participants as the tonal K=
qualities and spectral characteristics of a sound, independent of
pitch and intensity.

Xaws = SOG+x3+ 14 xR); M

e o S 3
Lrus + Rrus @)

whereL rus andRgrms are the left and right RMS amplitudes
of frontal incidence, calculated for each test con guration. Finally,
each test sound was multiplied by the normalisation constant of its
4.1. Test Stimuli corresponding test con guration.

The stimulus used in the tests was one second of monophonic pink o
noise at a sample rate of 44.1 kHz, windowed by an onset and offset*-3: Headphone Level Calibration

Hanning ramp of 5 ms [35] to avoid unwanted audible artefacts. g jistening tests were run at an amplitude of 60 dBA, chosen in
The Ambisonic sound samples were created by encoding the pink,ccorgance with Hartmann and Rakerd [36] who found that high
noise into rst-order Ambisonics (N3D normalisation and ACN ¢, nd pressure levels increase error in localisation.

channel nL_meering) and decoding to the three v_irtual loudspeaker Headphone level was calibrated using the following method: a
layouts using the same dual-band decode technique and HRTFS ag;oejec 8040 B loudspeaker was placed inside an anechoic cham-
subsection 3.2. The direct HRTF renders were created by convolvy,g emitting pink noise at an amplitude that was adjusted until a
ing the pink noise stimulus with a diffuse- eld compensated HRTF ¢ \nd level meter at a distance of 1.5 m and incidend® o0 )

pair of the corresponding sound source direction. The HRTFs useddisplayed a loudness of 60 dBA. The sound level meter was then
for the direct convolutions were from the same HRTF database asreplaced with a Neumann KU 100 dummy head at the same 1.5 m

used in subsection 3.2. Overall, there were 7 different test con gu- distance facing the loudspeaker(@t: 0 ), and the input level of
rations: virtual loudspeakers in octahedron, cube and bi-rectangle,[he KU 100's microphones was meésuréd.

arrangements, all with and without diffuse- eld equalisation, and The loudspeaker was then removed, and the Sennheiser HD 650
direct HRTF convolution. To minimise the duration of the experi- headphones to be used in the Iistenir;g tests were placed on the
ment, sound source directions were limited to the horizontal plane.dummy head. Pink noise convolved with KU 100 HRTF&a 0 )
For each test con g.uration, test sounds were generated for fourfrom the SADIE database, which were recorded at a distance of
sound source directions €0 ;90 ;180 and270). 1.5 m [31], was played through the headphones. The convolved
pink noise was normalised to a level of -23 dBFS RMS: the same
4.2. Level Normalisation loudness as the test sounds (subsection 4.2). The output level
of the headphones was then adjusted on the audio interface until
Each test sound was normalised relative to a frontal incident soundthe input from the KU 100 matched the same loudness as from
(0 ;0) atalevel of 23 dBFS. RMS amplitudeX rms Of signal the loudspeaker. This headphone level was kept constant for all
X was calculated as listening tests.
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4.4. Headphone Equalisation

20

The Sennheiser HD 650 headphones used in the listening tests wer
equalised relative to the Neumann KU 100 dummy head (the same 10
as that used for the Ambisonic virtual loudspeakers and HRTF » Py
rendering). The HD 650 headphones were placed on the KU 100 0 Ao ¥ A
dummy head, and a 10 second 20 Hz - 20 kHz sine sweep was fg // ’\“2"1 AN
played through the headphones with the output of the KU 100 & ' Wi
microphones being recorded. The HpTF was then calculated by g -10 i v
deconvolving the recording with an inverse of the original sweep _g
[37]. The HpTF measurement process was repeated 20 times, withr < -20 ffingg: :S;i Eg)
the headphones being removed and repositioned between eac Inverse Filter (L)
measurement (see Figure 4). .30 L| " Inverse Fitter (R)

—Result (L)

—-—-Result (R)

-40 -1
20 10? 10° 10*
Frequency (Hz)

Figure 5: Average HpTFs and inverse lIters of Sennheiser HD 650
headphones on the Neumann KU 100 dummy head.

les. The presentation of test les was double blinded and the order
randomised separately for each participant.

Amplitude (dB)

40 4.5.1. Results

—— Average
-50

10? 10° 10*
Frequency (Hz)

The data from the rst listening test is non-parametric, and results
are binomial distributions with 44 trials across subjects of each
condition. For results to be statistically signi cant at less than 5%
probability of chance, the cumulative binomial distribution must
Figure 4: 20 measurements of the headphone transfer function o€ greater than or equal to 61.36%: therefore the DFC Ambisonics
Sennheiser HD 650 headphones on the Neumann KU 100 dumm)ﬂeeds to have been chosen a minimum of 27 times out of the 44
head (left ear). Average response in red. trials of that condition.

An average of results across all conditions shows that diffuse-

An average of the 20 HpTF measurements was then calculated eld equalised Ambisonic rendering was perceived as closer in
for the left and right ears by taking the power average of the 20 timbre to HRTF convolution for 65.5% of tests. Results for the sep-
frequency responses. An inverse lter was computed using Kirkeby &raté conditions of the rst listening test are presented in Figure 6
regularization [38], with the range of inversion from 200 Hz - &S the percentage that timbre of DFC Ambisonic rendering was per-
16 kHz and 1/2 octave smoothing. The average HpTFs inverseCeived as closer to HRTF convolution than non-DFC Ambisonics

lters and resultant frequency responses (produced by convolving fOr 44 trials across all participants. A higher percentage demon-
the averages with their inverse Iters) are presented in Figure 5. strates a clearer indication that the DFC Ambisonics was closer to

the HRTF reference, with values at or above 61.36% statistically
signi cant.

The results are statistically signi canp € 0.05) for 9 condi-
The rst listening test followed the ABX paradigm [39], whereby tions, therefore the null hypothesis can be rejected for 9 of the 12
three stimuli (A, B and X) were presented consecutively to the tested conditions: diffuse- eld equalisation does in fact have an
participants, who were instructed to answer which of A or B was effect on the perceived timbre of Ambisonic binaural rendering.
closestto X in timbre. This differs from the modern de nition ofthe The three conditions that were below statistical signi cance are
ABX test where X would be one of A or B: here X was employed as for rear-incidence ( = 180 ). This suggests that diffuse- eld
a reference sound (HRTF convolution), and A and B were the Am- equalisation has a different effect on the timbre of Ambisonics
bisonic binaural renders - one of which was diffuse- eld equalised. depending on the angle of sound incidence. Friedman's analysis of
The test was forced choice: the participant had to answer eithervariance (ANOVA) tests were conducted to test whether this effect
A or B. The null hypothesis is that diffuse- eld equalisation has is statistically signi cant (see Table 2).
no effect on the similarity of timbre between Ambisonic binaural The Friedman's ANOVA tests showed that for the cube (Chi-sq
rendering and HRTF convolution. =17.36;p = 0.0006), the effect that diffuse- eld equalisation has on

There were 12 test conditions in total: four sound source direc- timbre varies signi cantly depending on the sound source direction,
tions (as in subsection 4.1), across the three Ambisonic loudspeakebut not for the octahedron and bi-rectangie>(0.05). Post-hoc
con gurations. Every test condition was repeated with the order analysis to determine which direction produced the statistical signif-
of DFC and non-DFC Ambisonic rendering reversed, to avoid bias icance in the cube's results was conducted using a Wilcoxon signed
towards any particular arrangement, resulting in a total of 24 testrank test, which showed the outlying results were frorns (180 ).

4.5. Listening Test 1 - ABX
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equalisation and the other without. The test was forced choice: the
1007 ‘ ‘ ‘ participant had to answer either A or B. The null hypothesis is that
diffuse- eld equalisation has no effect on the consistency of timbre
sor | between different Ambisonic virtual loudspeaker con gurations.
| There were 4 conditions in total: one for each of the four sound
[ | source directions (as in subsection 4.1). Every test le was repeated
with the order of DFC and non-DFC Ambisonic rendering reversed,
to avoid bias towards any particular arrangement, resulting in a total
of 8 test les. Asin the rst listening test, presentation of test les
was double blinded and the order randomised separately for each
participant.

80

70

60

DFC choice (%)

50

Octahedron ]
40f | W Cube - 4.6.1. Results

Bi-rectangle . . . .
20l ‘ ‘ ‘ As for the rst listening test, data from the second listening test

0 90 180 270 is non-parametric and results are binomial distributions, with 44
Azimuth (°) trials across subjects of each condition. For results to be statistically
. . ) . signi cant at less than 5% probability of chance, the cumulative
Figure 6: Results across subjects for which DFC Ambisonic render-yin o mia) distribution must be greater than or equal to 61.36%: there-
ing was considered more consistent in timbre to HRTF convolution ¢4« the DEC Ambisonics needs to have been chosen a minimum
than non-DFC Ambisonics, for each condition of the ABX test. ¢ 57 times out of the 44 trials of that condition.
Dashed line at 61.36% shows the boundary for statistical signi - An average of results across all directions shows that Am-
cance. Small horizontal offsets applied to results for visual clarity. .o ic virtual loudspeakers were perceived as more consistent in
timbre when diffuse- eld equalised for 74.4% of tests. Results for
Table 2:Friedman’s ANOVA tests to determine whether direction of the separate conditions of the second listening test are presented in
sound incidence had a Signi cant effect on results for the 3 tested Figure 7 as the percentages that the three DEC |0udspeaker con gu-

loudspeaker con gurations. rations were perceived as more consistent in timbre than non-DFC
i i con gurations. A higher percentage demonstrates a clearer indica-
Loudspeaker Con guration Chi-sq P tion that diffuse- eld compensated Ambisonics was more consistent
Octahedron 4.05 | 0.2566 in timbre across different loudspeaker con gurations, with values
Cube 17.36 | 0.0006 at or above 61.36% statistically signi cant.
Bi-rectangle 4.32 | 0.2293
100
The results presented in Figure 6 also suggest that, in general
diffuse- eld equalisation had a larger effect on timbre for the cube gl X
than the other loudspeaker con gurations. To test for statistical
signi cance of this, Friedman's ANOVA tests were conducted on w0l
the different loudspeaker con gurations across all 4 directions (see &
Table 3). These tests showed that, for all directions of sound inci- 8
dence, this difference in results is not statistically signi cgn( e * * :
0.05). o *
L 3
Table 3:Friedman's ANOVA tests to determine whether the virtual
loudspeaker con gurations produced signi cantly different results sl
from each other for the 4 tested directions of sound incidence.
Azimuth () | Chi-sq p 0 e 160 P
0 0.67 | 0.7165 Azimuth (°)
90 2.67 | 0.2636
180 1.61 | 0.4464 Figure 7: Results across subjects for which DFC Ambisonic ren-
270 0.36 | 0.8338 dering was considered more consistent in timbre across different

virtual loudspeaker con gurations, for each condition of the AB
test. Dashed line at 61.36% shows the boundary for statistical

) ) signi cance from chance at a con dence levelpk 0.05.
4.6. Listening Test 2 - AB

The second listening test was an AB comparison. Two sets of three  Results for all conditions are statistically signi cant, as the
stimuli were presented consecutively to the participants, who were DFC Ambisonic loudspeaker con gurations were considered more
instructed to answer which of set A or set B had the most consistentconsistent for more than 61.36% of results. Therefore the null
timbre. Each set consisted of the three Ambisonic binaural rendershypothesis can be rejected: diffuse- eld equalisation does have an
(octahedron, cube and bi-rectangle): one set with diffuse- eld effect on the consistency of timbre between different Ambisonic
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virtual loudspeaker con gurations. Frontal incidence= 0 ) The conducted subjective listening tests show that diffuse- eld
produced the most notable result: the three virtual loudspeakerequalisation of Ambisonics is successful in improving timbral con-
con gurations were considered more consistent when diffuse- eld sistency between Ambisonic binaural rendering and HRTF convolu-
equalised for 91% of tests in this condition. The other sound sourcetion, as well as between different rst-order Ambisonic loudspeaker
directions ( =90 ;180 and270 ) favoured DFC Ambisonicsas  con gurations. However, results differ depending on sound inci-
more consistent for 70%, 70% and 66% of the tests, respectivelydence, and a theory to address this by changing the directional
As in the rst listening test, direction of sound incidence appears weighting in the diffuse- eld calculation has been proposed which
to have had an effect on the results. To determine the signi canceis currently being investigated.
of this effect, a Friedman's ANOVA test was conducted which Future work will look at diffuse- eld equalisation of higher-
showed statistical signi cance (Chi-sq = 9.J9= 0.0269). Post-  order Ambisonics, as well as assessing the effect that diffuse- eld
hoc analysis to determine which condition produced the statistical equalisation has on localisation accuracy in Ambisonic rendering.
signi cance was conducted using a Wilcoxon signed rank test, If it can be shown that diffuse- eld equalisation either improves or
which showed the outlying results were frqm=0 ). has no effect on localisation accuracy, then diffuse- eld equalisation
will be a clear recommendation for achieving more natural sounding

. . Ambisonics.
4.7. Discussion

The results from the two listening tests clearly indicate the ap- 6. ACKNOWLEDGEMENT
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