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A Measurement System for Fast Estimation of 2D Individual HRTFs

with Arbitrary Head Movements

Ruben Braun1, Song Li2 and Jürgen Peissig2

1 Leibniz Universität Hannover, Germany, Email: ruben.braun@stud.uni-hannover.de
2 Leibniz Universität Hannover, Germany, Email: {song.li, peissig}@ikt.uni-hannover.de

Abstract

Modern technologies, like virtual and augmented reality (VR/AR), lead to an increasing interest in reproducing
3D audio via headphones. This can be realized by using head-related transfer functions (HRTFs), which filter the
incoming audio signals for each ear, depending on the direction of the sound source. The HRTFs depend highly on the
shape of the ears, head and body of a human being. Therefore, they have to be determined individually. Conventional
stop-and-go HRTF measurements are very time consuming and subjects have to keep still during the process, which
leads to an exhausting experience. New attempts have been introduced, using continuous acquisition methods with
normalized least mean square (NLMS) adaptive filter algorithms. These procedures are more efficient, but the subject
still has to remain motionless on a rotating chair.

In order to overcome these inconveniences, a fast individual 2D HRTF measurement system is presented in this paper.
By this means, HRTFs can be estimated regarding two degrees of freedom (azimuth and elevation) by using a head-
tracker. During the measurement, the subject has to perform arbitrary head movements and gets visual feedback on
its current orientation and all already visited orientations. A combination of activation based and progressive based
NLMS is used for extracting the individual HRTFs. The performance of this measurement system is evaluated using
normalized mean square error (NMSE). Simulated and measured results show that the proposed HRTF measurement
system works well for arbitrary head movements.

Introduction
According to new technologies like virtual and aug-
mented reality (VR/AR), a rising interest in reproducing
spatial audio via headphones can be observed. The sim-
plest way to create a virtual 3D sound source presented
by headphones is by convolving a monophonic sound
source with a pair of head-related impulse responses
(HRIRs, time domain representation of head-related
transfer functions (HRTFs)) [1]. However, the HRIRs
are highly individual and differ from person to per-
son [2]. This is due to the fact that they rely on the shape
of body, head and pinna. Wightman and Kistler [1] have
demonstrated that the perceived sound image could be
well externalized by using individual HRTFs for binaural
rendering. In contrast, the perceived externalization and
the accuracy of sound localization could be reduced by
using non-individual HRTFs [3]. Therefore, there is a
need to determine individual HRTFs for each listener to
reproduce an immersive 3D audio over headphones [4].

Usually, individual HRTFs are measured in an anechoic
chamber at certain directions by using different positions
for loudspeaker signals while the subject sits still on
a chair with attached in-ear microphones. To measure
high-resolution 2D HRTFs the conventional stop-and-
go measurement method is very time consuming and
furthermore exhausting for the human subjects, because
they have to keep still in an uncomfortable posture
during the whole measurement. New attempts have been
introduced lately to reduce the measuring time by using
continuous acquisition methods based on normalized
least mean square (NLMS) adaptive filtering [5] [6]. By
this means, the subject sits on a chair and rotates
continuously to different azimuths at a constant speed as

Adaptive filter

Excitation signal  x(k)

Head tracker
hr( k, k)

Right ear

hl( k, k)

Left ear
k, k

Recorded signal yl(k)

Recorded signal yr(k)

   HRIR 

  h( , )

Loudspeaker

Display

Figure 1: Overview of 2D individual HRTF measurement
system

a loudspeaker or a loudspeaker array at a fixed position
plays back the excitation signal. However, the subjects
still have to remain motionless on a rotating chair during
the whole measurement.

To overcome these inconveniences, Ranjan et al. [7]
proposed a continuous 2D HRTF measurement method
by using a head tracker. In that way, HRTFs can be
estimated regarding two degrees of freedom (azimuth and
elevation). In addition, the subject can rotate its head
arbitrarily during the whole measurement. The HRTFs
for visited orientations are then calculated by using a
combination of progressive and activation based NLMS
(P-, A-NLMS) algorithms [7]. Some simulations based
on CIPIC database [10] showed a good performance of
the proposed HRTF measurement method. In this paper,
a fast 2D individual HRTF measurement system based
on the method proposed by Ranjan et al. [7] is designed
and implemented (see figure 1). During the measurement,
the subject has to perform arbitrary head movements
in any direction and gets visual feedback on its current
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orientation and all already visited orientations. Simula-
tions and measurements have been carried out to test the
performance of the measurement system. Furthermore,
an advanced HRTF measurement system with virtual
reality (VR) headset is proposed.

Theoretical Background
The measurement system allows the subject to execute
arbitrary head movements while an excitation signal x(k)
is played back via a single loudspeaker. Simultaneously
the ear signals y(k) are recorded with a pair of in-ear
microphones, as well as the orientation data (azimuth
and elevation angles (θk, φk)) from the head tracker. The
excitation signal, recorded signals and the orientation
information are synchronized to ensure accurate re-
sults. Additionally, the head tracker data are linearly
interpolated to match the audio sampling rate. The
recorded signal y(k) for one ear can be expressed as

y(k) =
N−1∑

κ=0

x(k − κ)h(κ, θk, φk) + n(k), (1)

where h(κ, θk, φk) denotes one sample of the time-varying
HRIRs and x(k) is the excitation signal at time instant
k. N represents the length of the estimated HRIR and
n(k) denotes the measurement noise [5]. Equation 1 can
be rewritten by using HRIR and input vectors:

y(k) = hT (θk, φk)x (k) + n(k), (2)

where hT (θk, φk) represents the coefficients of the im-
pulse response for the angles θ and φ at the time instant
k and x (k) denotes the vector of the input signal with
length N , which are expressed as:

h(θk, φk) = [h(0, θk, φk), h(1, θk, φk), ..., (3)

h(N − 1, θk, φk)]T ,

and

x(k) = [x(k), x(k − 1), ..., x(k − N + 1)]T . (4)

There are L × M different impulse responses should be
estimated [7] due to the 2D head movements.

HL×M =




h(θ1, φ1) . . . h(θ1, φM )
... h(θl, φm)

...
h(θL, φ1) . . . h(θL, φM )


 (5)

Each entry of the matrix represents the impulse response
of one orientation. Depending on the current orientation
(θl, φm) only one entry of the matrix is updated [8],
all others remain the same. In the next step, it has to
be discussed how to retrieve the HRIRs based on the
measured data.

Generally the human listening process can be described
as a linear time-invariant system. In the proposed mea-
surement system the subject executes arbitrary head

movements during the measurement. Therefore, the sys-
tem becomes time variant. To identify a linear time-
variant system, adaptive filtering algorithms could be
used [5]. In our case, the NLMS algorithm is applied to
estimate the HRIRs. The update equation for estimated
HRIR is expressed as [6]:

ĥ(θk+1, φk+1) = ĥ(θk, φk) + µ0
e(k)x(k)

||x(k)||22
, (6)

e(k) = y(k) − ĥ
T
(θk, φk)x(k), (7)

where µ0 is a step size factor between 0 and 2 and
e(k) denotes the output error between the recorded and
estimated signals at discrete time k. µ0 is a crucial
parameter in the NLMS algorithm. In general a small
step size factor leads to high accuracy of the algorithm
but concurrently the adaption time rises. In the following
simulations and measurements, a step size factor of µ0 =
1 has been found suitable.

Measurement Setup
The measurement setup consists of a loudspeaker for
playing back the stimuli, two in-ear microphones for
recording the binaural data, an audio interface for
audio in- and output, a head tracker for recording the
orientation data, a display for visualizing the current
and all already visited orientations and a computer for
signal processing. The head tracker provides three Euler
angles roll, pitch and yaw, whereby yaw is taken as the
azimuth angle and pitch as the elevation angle. These
few components of the entire measurement system make
the setup mobile and easy to set up, which is one of
the major advantages compared to other measurement
methods. Figure 2 shows the graphical user interface
(GUI) to control the HRTF measurement, which is
designed and implemented in MATLAB. ITA-Toolbox
[9] has been used for data acquisition. Through multiple
setting options, such as sampling rate, measuring time,
excitation signals, etc., the measurement setup can be
easily individualized to fulfill any requirement for the
measurement. White noise is used as an excitation
stimulus, which is widely used in system identification
applications. Another main advantage using a GUI is
the possibility to visualize the orientation data so that
the human subject can easily verify its own movements
pattern.

Simulations
Simulations have been carried out to test the mea-
surement system. The input signal x(k) is generated
and convolved with a known HRIR, which depends
on the current orientation. In this paper, the HRIRs
were taken from the CIPIC HRTF database [10]. The
HRIRs in the CIPIC database are only available for
certain azimuth and elevation angels. It can not fully
match the head tracker data. There are two options
to solve this mismatch. The first option is to round
the head tracker data to match the resolution of the
HRIR database. In that way, the head tracker data
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Figure 2: MATLAB-based GUI for HRTF measurement

is no more continuous, which doesn’t represent real
measurement circumstances. The second method is to
create synthetic impulse responses for each head tracker
sample by interpolating the HRIRs provided by the
CIPIC database. In this paper, the HRIRs were linear
interpolated to each measured position. Then the HRIR
can be estimated based on the ear signal y(k) and the
input signal x(k) by using NLMS algorithm. Finally,
the estimated HRIRs were compared to the HRIRs in
the CIPIC database by calculating the normalized mean
square error.

NMSE = 10 log10

(
||h − ĥ||22

||h||22

)
[dB] (8)

According to [7], some optimized versions of the standard
NLMS, which are named as progressive and activation
based NLMS (P-NLMS and A-NLMS), have been im-
plemented. By using the P-NLMS algorithm, the filter
weights are initialized by using the filter weights of
the previous orientation. In the case of the A-NLMS
algorithm, the filter weights is set to zero if a new
orientation is visited. When an orientation is visited
more than once, the update step should use the old
estimated weights of this orientation, which leads to a
lower adaption time. Using this method, the movements
pattern doesn’t have influence on the adaption of the
algorithm [8]. The next idea is to combine A- and P-
NLMS. That means, if an orientation is visited for the
first time, P-NLMS should be taken into account by
initializing the weights using the final weights of the
previous orientation. If an orientation is visited more
than once, A-NLMS should be followed by initializing
the weights using the previous estimated weights of this
orientation. This method is now referred as progressive-
activation based NLMS (PA-NLMS) according to [7]. In
order to examine the feasibility of the algorithm, one

trajectory of arbitrary head movements was recorded and
used to obtain the HRTF of each measured direction.
The head movements trajectory is plotted in figure 3. The
estimated HRTF in each points were than compared
with the original HRTF (CIPIC database), the calculated
NMSE for the PA- NLMS algorithms is shown in figure
4.
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Figure 3: Head movement trajectories: Arbitrary head
rotation in azimuth and elevation
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Figure 4: NMSE for PA-NLMS algorithm

The simulations showed that the PA-NLMS algorithm
worked well to estimate the HRIRs based on the contin-
uous audio data while performing arbitrary head move-
ments. The NMSE for both ears were around -25 dB. The
reason for different NMSE values for measurement points
were due to the unequal visit time of each orientations.
An arbitrary head movements leaded to short visit of
some directions, so the algorithm did not have much
time to adapt the HRIR for these directions, which
caused high NMSE value. In the next step, some test
measurements are conducted to further test the setup.

Measurements
The measurements have taken place in the anechoic
chamber of the Sennheiser electronic GmbH & Co. KG.
The experimental setup is shown in figure 5. The
measurement system has been tested by using different
conditions. At first, the measurements for 1D head
movements have been carried out. The subject was asked
to perform head movements only in the horizontal plane
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Figure 5: Measurement setup in the anechoic chamber of
the Sennheiser electronic GmbH & Co. KG

or only in the vertical plane for 20 s. Additionally, the
angles should be kept small to gain multiple revisits of the
orientations (−20◦ ≤ θ ≤ 20◦). In that way, the influence
of the revisits on the algorithm was meant to be tested. In
order to rate the estimated HRIRs, the error signal was
compared to the ear signal for the last N samples for
each orientation.

NMSE = 10 log10

( ||y − ŷ||22
||y||22

)
[dB] (9)

The NMSE results for head movements in horizontal
plane and vertical plane are shown in figure 6 and 7,
respectively. The NMSE error for both cases were about
-25 dB. The average NMSE for the head movements in
the elevation plane was lower than for that in the azimuth
plane. This is because that the change of HRTFs in the
azimuth plane is lager than that in the elevation plane,
e.g. change of interaural time difference, etc.
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Figure 6: NMSE results for 1D head movements in azimuth

Next, the measurements were conducted with arbitrary
head movements. The subject was told to do arbitrary
head movements in both horizontal and median plane
for about 60 s. The results of mean NMSE for HRTFs at
each azimuth are shown in figure 8.

It can be seen that the measurement system showed
a good performance, most of the mean NMSE errors
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Figure 7: NMSE results for 1D head movements in elevation
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Figure 8: Mean NMSE results for 2D head movements

were within a range of −18 dB to −25 dB. There were
some orientations where the HRIRs are not well adapted
because of the little amount of samples (not shown). In
order to ensure the accuracy of all measured HRTFs, a
threshold of NMSE for the estimated HRIRs could be
applied. When the calculated NMSE for the estimated
HRTF is good enough, which means the error is lower
than the threshold, the estimated HRIR could be saved
and will not be changed anymore, even if there is a revisit
to that orientation. In contrast, when the error is not
small enough, the results will not be saved. If there is
another revisit, the HRIR will be estimated again in the
hope of getting a better result.

HRTF measurement system with
virtual reality headset
The proposed 2D HRTF measurement system is still not
comfortable for subjects, because the display is fixed
under the loudspeaker. That means, the subject need
to turn back its head to view the trajectory of head
movements. Currently, the HRTF measurement system
is implemented with VR headset (Oculus Rift). The
integrated head tracker in the Oculus Rift is used to
record the orientation data. The measurement system is
implemented in unreal engine using C++. As shown in
Figure 9, in the view of Oculus Rift headset, some green
balls are fixed at different positions and a small white
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ball is in the view direction of the subject. The white ball
changes its position according to the current orientation
of the subject’s head. If a green ball is in the view
direction of the subject, then the ball disappears. When
no green balls remain, the measurement is finished. Then
the binaural recorded signal, excitation signal and the
orientation data are further processed in MATLAB. By
using the VR setup, there is no need to look at the display
which placed under the loudspeaker. The experimental
setup is shown in figure 10.

Figure 9: Example of the orientation visualization

Figure 10: Measurement setup in the anechoic chamber
of the Institute of Communications Technology, Leibniz
University Hannover

Conclusion
In this paper a measurement system to estimate 2D
individual HRTFs is presented. The advantages of the
system are easy handling, straightforward setup and high
mobility. The capability of the algorithm to estimate
adequate HRIRs by using arbitrary head movements
data has been pointed out via simulations. In order to
test the system in real measurement conditions, some
test measurements have been conducted in an anechoic
chamber. The measured HRIRs showed good NMSE
results for most orientations, in the case of enough
samples for the algorithm to adapt the HRIR. The
advanced HRTF measurement system with VR headset
is proposed. Further examinations on the quality and the
resulting sound localization using the estimated HRIRs
have to be done.
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Abstract

The binaural room impulse responses of a real room are captured for different head orientations by using a dynamic
measurement technique. A head-and-torso simulator is continuously rotated while the system is excited by a so-called
perfect sequence which exhibits a self-orthogonal property. During the measurement, the head orientation is captured
with an optical tracking system. The BRIRs are computed for discrete head orientations by using a time-varying
system identification method based on spatial interpolation. The performance is evaluated by comparing the BRIRs
from the dynamic measurement and from a conventional static measurement.

Introduction
Binaural room impulse responses (BRIRs) characterize
the acoustic transmission paths from a sound source to
the outer ears of a listener. BRIRs can, for instance,
be used for an authentic auralization of a loudspeaker
array system that is installed in a room. In order to
include rotational head movements in binaural synthesis,
BRIRs are measured for different head orientations for
each loudspeaker. Such a binaural synthesis (with head-
tracking) is often considered in listening experiments
for the comparison of sound reproduction systems in
different rooms, different spatial audio techniques, and the
perceptual properties in different listening positions [1, 2,
3]. This approach can be also used for the realization of a
virtual studio, where the ear signals of a real mixing studio
are simulated, e.g. the Nx plug-in by Waves Audio [4].

Since the temporal and spectral structure of BRIRs
strongly depends on the listener’s anthropometry, the
usage of individual BRIRs is recommended for higher
timbral and spatial fidelity [5, 6, 7]. In a typical
BRIR measurement, linear time invariant system is
assumed, and it is thus important to immobilize the
listener’s head during the measurement. The BRIRs are
obtained by comparing the excitation signal (e.g. sine
sweep, maximum length sequence, etc) and the signal
captured by the microphones at the outer ears. The same
process has to be repeated for every possible combination
of loudspeaker and head-orientation. Therefore, the
total duration scales with the dimensionality of the
measurement (azimuth-only or azimuth-and-elevation),
the spatial resolution of the head orientation, and the
number of loudspeakers.

To avoid such a tedious and time-consuming procedure, a
dynamic measurement can be considered. In recent years,
several methods have been proposed for the dynamic
measurement of a large number of impulse responses,
e.g. head-related impulse responses (HRIRs) and spatial
room impulse responses [8, 9, 10, 11, 12, 13]. Either
the source or the receiver is continuously moved while
an excitation signal is played back during the entire
measurement period. The individual impulse responses

are obtained from the captured signal by using a time-
varying system identification method.

In a practice, it is crucial to synchronize the head
orientation and the microphone signal, since the accurate
position corresponding to each samples of the signal has
to be known. The movement can be either controlled
accurately according to a pre-defined trajectory, or
captured with a tracking system at a high spatial
resolution. In this study, an optical tracking system
is used to captured the head-orientation.

In the present work, real room BRIRs are measured by
using the approach introduced by the authors in [12]. The
room is excited by a periodic perfect sequence and the
signal captured at each outer ear is considered as a spatio-
temporal sampling of the ear signal. The original ear
signal is reconstructed by means of spatial interpolation.
The BRIRs are then obtained by deconvolving the
estimate of the ear signals with the perfect sequence. The
performance of the dynamic measurement is evaluated by
comparison with a conventional static measurement.

System Identification
For head orientation φ, the acoustic signal (sound
pressure) at the left and right ear pL,R(φ, n) is represented
as

pL,R(φ, n) =

Nh−1∑

k=0

ψ(n− k)hL,R(φ, k), (1)

where n and k denote the discrete-time indices, ψ(n) the
excitation signal emitted by a sound source at a fixed
position, hL,R(φ, k) the filter coefficients of the BRIR. It
is assumed that the length of hL,R(φ, k) is always shorter
than Nh. Since the derivations are identical for both ears,
the subscripts ‘L’ and ‘R’ are omitted in the remainder.

For dynamic measurement, the system is excited by a
perfect sequence of period N which exhibits the self-
orthogonality,

N−1∑

n=0

ψ(n+m)ψ(n) = σ2
ψ · δ(m mod N), (2)
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where σ2
ψ =

∑N−1
n=0 |ψ(n)|2 denotes the energy within one

period and δ(n) the unit impulse function. Without loss
of generality, σ2

ψ = 1 is assumed. To avoid temporal
aliasing, the excitation period has to be longer than Nh.
In the noiseless case, the impulse response h(φ, k) is given
as the length-N circular cross-correlation of p(φ, n) and
ψ(n),

ĥ(φ, k) =

N−1∑

n=0

p(φ, n+ k)ψ(n), (3)

which can be proven by substituting (1) into (2).

If the head orientation varies over time, i.e. φ(n), the
captured signal s(n) reads

s(n) = p (φ(n), n) = p (φ(n), n mod N) , (4)

where the periodicity of p(φ(n), n) is exploited in the
second equality. This states that the captured signal s(n)
constitutes a spatio-temporal sampling of p(φ, n) along
the curve (φ(n), n). The n-th sample of the sound field is
sampled for discrete angular positions φ(n+ µN), µ ∈ Z.
If the length of s(n) is L samples, the effective number of
spatial sampling points for each n is Meff = L

N .

Since the individual samples are captured in different
angular positions, (2) cannot be directly used for the
computation of the BRIR. Instead, the original ear signal
p(φ, n) has to be reconstructed for the desired angle,

p̂(φ, n) = L{φ|s(n+ µN), µ ∈ Z} , (5)

where ·̂ denotes the estimate of the argument and L{·}
a spatial interpolation. In order to obtain p̂(φ, ν), ν ∈
[0, N − 1], for instance, a decimated sequence of s(n) is
used:

s(ν), s(N + ν), . . . , s ((Meff − 1)N + ν) .

The type and order of the interpolation have to be chosen
depending on the spatial distribution of φ(ν + µN) [14].
Once the ear signal p̂(φ, ν) is computed for ν = 0, . . . , N−
1, the BRIR ĥ(φ, k) is computed by using (3).

Considering that the ear microphone moves on a circle,
the spatial bandwidth of ear signal can represented in
the circular (cylindrical) harmonics domain. p(φ, n)
consists of an incoming component (represented as an
interior circular harmonics expansion) and a contribution
scattered by the head (represented as an exterior circular
harmonics expansion). For both expansions, the expan-
sion coefficients exhibit an approximate spatial bandwidth
of d 2πf

c Re [15, Sec. 4.2], where f denotes the temporal
frequency, R the radius, and c the speed of sound.

For a uniform rotation with angular speed Ω (◦/s), the ear
signal is sampled at equi-angular positions on the circle (if
Meff ∈ Z). The number of spatial sampling points has to
be sufficient, so that p̂(φ, n) does not suffer from spatial
aliasing. Based on the approximate spatial bandwidth,
an anti-aliasing condition was derived in [12, Eq. (14)],

Ω <
c

RN
× 180

π
. (6)

The improvement by using a higher-order interpolation is
marginal, if the condition is not fulfilled [14].

Measurement
The BRIRs of a real room were measured by using
the dynamic measurement technique introduced in the
previous section. The measurement is performed in a
rectangular room (W ×L×H = 5.8×5.0×3.0 m3) at the
Institute of Communications Engineering, University of
Rostock. The room is treated with absorptive materials
which results in a reverberation time of 0.22 s. Due to
its rectangular shape, room modes are present for low
frequencies.

The measurement set-up is depicted in Figure 1. A head-
and-torso simulator (G.R.A.S. type 45BA, Large ears type
KB0065 & 0066, condenser microphones type 40AO) is
mounted on a turntable (Varisphear [16]) at the center of
the room. The microphone signals are recorded with a
pre-amp (Lake People C360) and an audio interface (RME
Fireface UC) at a sampling rate of fs = 44.1 kHz. A full-
range 2-way loudspeaker (Neumann KH120A) is placed
in front of the dummy head (φ = 0) at a distance of 2.2 m.
The loudspeaker is driven by a periodic perfect sequence of
length N = 88200 (2 s) [17]. A rigid body, consisting of six
infra-reflective markers (Fig. 2), is attached on top of the
head. Twelve cameras (OptiTrack Flex 13) surrounding
the dummy head capture the rigid body with a frame
rate of fopt = 120 Hz. The position and orientation are
computed by a dedicated software (Motive [18]), where
the smoothing parameter for tracking is set to 5 (0: no
smoothing, 100: maximum smoothing).

In order to compensate for the latency of the optical
tracking system, a bipolar Hall latch (Unisonic U18)
is mounted on the static part of the turntable (Fig. 3
left). Two small-sized permanent magnets are attached
closely together on the moving part of the turntable with
opposite polarities. The midpoint of the two magnets,
where the magnetic field changes abruptly, is placed at
a reference angle φref. The Hall latch is switched on
when the turntable reaches φref (Fig. 3 right). The sensor
output is recorded by the audio interface synchronously
with the ear signals. Once the dynamic measurement is
completed, the audio signal s(n), the Hall latch signal
w(n),

t0 t1 . . . tn . . .
s(0) s(1) . . . s(n) . . .
w(0) w(1) . . . w(n) . . .

and the tracking data φ(l),

τ0 τ1 . . . τl . . .
φ(0) φ(1) . . . φ(l) . . .

are obtained. Note that the sampling rate of φ(l) is
different from other signals, i.e. tn = n/fs and τl = l/fopt.
The time τref and tref corresponding to the reference angle
φref are computed from φ(l) and w(n), respectively. By
applying a shift of

τl ← τl − τref

tn ← tn − tref,

the two time axes are aligned, i.e. τ0 = t0. The
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head orientation corresponding to each sample of s(n)
is computed by using a 2nd-order Lagrange interpolation.

Three different angular speeds (Ω = 0.5, 4.0, 8.0 ◦/s) are
considered. The anti-aliasing condition according to (6) is
Ω < 2.2 ◦/s. The dummy head starts at φ = −100◦ and
stops at φ = 100◦. The acceleration Ω̇ and jerk Ω̈ are set
to 30 ◦/s2 and 10000 ◦/s3, respectively. As shown in the
table below, the higher the angular speed, the smaller is
the effective number sampling points. The signal-to-noise
ratio (SNR) decreases for faster movement due to the
motor noise.1

Ω (◦/s) Meff SNR (dB)

0.5 200 30.0

4.0 25 17.1

8.0 12 13.1

The BRIRs are computed for 181 head orientations,

ϕ = −90,−89, . . . , 90◦.

For the reconstruction of the original ear signal, linear
interpolation is used in all cases.

The BRIRs for the same angles are measured in a static
set-up, where the same perfect sequence (N = 88200) is
used and the h(ϕ, n) is computed by (3).

The measurement is performed using the following Python
packages:

• python-sounddevice: play and record audio [19]

• opti-ssr: receive optical tracking data [20]

• schunk: turntable control [21]

Evaluation
The accuracy of the dynamic measurement is evaluated
in terms of system distance D(ϕ) defined as

D(ϕ) =

[∑N0−1
k=0 |ĥ(ϕ, k)− h(ϕ, k)|2〈∑N0−1

k=0 |h(ϕ, n)|2
〉
ϕ

] 1
2

, (7)

where 〈·〉ϕ denotes the average over ϕ. The static
measurement is considered as the reference h(ϕ, k) and
the coefficient error is normalized by the average energy
of the reference BRIRs. Only the first part (N0 = 22050
samples) of the BRIRs is used in the evaluation, as the
later part goes far below the noise floor both for the static
and dynamic measurements.

The system distance for different Ω is compared in Fig. 4.
As expected, the higher the angular speed, the larger
is the system distance. This is attributed both to the
decreased SNR and the reduced number spatial sampling
points. The angular speed of Ω = 4, 8 does not satisfy

1For the computation of SNR, it was assumed that the motor
sound is the dominant source of noise. The energy of the signal
was obtained from the static measurement and averaged (ϕ =
−90,−89, . . . , 90◦), while the energy of the noise was obtained by
moving the motor without the excitation signal.

System
Identification

ϕ: discrete angles

Optical
tracker

φ(t)

sL,R(t)

infrared
cameras

rigid
body

φ̂(t)

ψ(t): perfect
sequence

hL,R(ϕ, t)hL,R(ϕ, t)hL,R(ϕ, t)hL,R(ϕ, t)

Figure 1: Dynamic measurement of BRIRs using an optical
tracking system. A perfect sequence ψ(n) is played back by
the loudspeaker. The response at the outer ears sL,R(t) is
captured by the microphones of a dummy head which rotates
continuously on a turntable. The head-orientation is tracked
by an optical tracking system. The BRIRs are computed for
selected angles ϕ by using a time-varying system identification
method based on spatial interpolation.

Figure 2: Six retro-reflective markers forming a rigid body.
The position and rotation of the body are tracked by 12
cameras.

Turntable

Hall latch

w(t)

N
S

S
N

2 3 4 5 6 7

t / s

0.2
0.0
0.2
0.4
0.6
0.8

w
(t

)

Figure 3: Bipolar Hall-effect sensor. Two small-sized
permanent magnets are attached on the turntable with
opposite polarities. The Hall latch generates a step signal
when the magnetic field changes from positive to negative.
The signal is recorded by the audio interface together with the
microphone signals. The DC component of the step signal is
removed by the microphone preamp, thus giving an impulse.
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Figure 4: System distance for varying rotation speeds (Ω = 0.5, 4.0, 8.0 ◦/s). The original ear signal p(φ, n) is reconstructed
from the captured signal s(n), each of which constitutes a spatio-temporal sampling. Linear interpolation is used in all cases.
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Figure 5: The early part (t ∈ [6, 9] ms) of the static and dynamic measurements (right ear). Each vertical slice corresponds to
the BRIR for the respective angle. The time-of-arrival of the direct sound (high-amplitude impulse) varies with the orientation
of the head. The BRIRs for Ω = 8 (right) are not able to track the change and suffer from discontinuities. This is attributed to
the spatial aliasing which occurs if the angular speed does not satisfy the anti-aliasing condition, or equivalently, if there are not
enough spatial sampling points (low Meff).

the anti-aliasing condition (6), and thus the original ear
signal cannot be reconstructed accurately. For Ω = 4, 8,
increased errors are observed for the head-orientation
of 30◦ to the contra-lateral side. This is where the ϕ
dependency of BRIRs is at its maximum, due to the
change of amplitude (acoustic shadowing) and the time-
of-arrival. Compared to these, the system distance for
Ω = 0.5 depends less on ϕ.

The result of spatial aliasing is shown in Fig. 5. While the
time-of-arrival of the wavefront exhibits discontinuities
for Ω = 4, 8, the spatio-temporal structure of the BRIRs
is successfully recovered for Ω = 0.5.

The BRIRs achieving the best and worst system distance
are shown in Fig. 6. The BRIR in the range of [0, 250] ms
are shown in decibel for the dynamic measurements
together with the coefficient errors (red). In the best
case 6(b), the amplitude of the coefficient error remains
20 dB below the BRIR in the first 30 ms, and gradually
decreases. In the worst case 6(a), the coefficient error
has almost the same envelope as the BRIR. The early
and late parts of the BRIRs are compared for dynamic
and static measurements. The corresponding ranges are
indicated by horizontal bars . Note the different scale
of the axes in the plots.

For informal listening, ear signals are generated using the
static and dynamic BRIR measurements. Dry recordings

of speech [22] and castanets [23] signals were filtered
with the BRIRs (available for download at http://www.
spatialaudio.net/dynamic-brir-measurement). In
all cases, the azimuth localization is not impaired even
for the least accurate BRIRs. For Ω = 0.5, the ear
signals were indistinguishable from those generated with
the static measurement. The ear signals for Ω = 4, 8
suffer from artifacts, which make them unsuitable for
auralization. The artifacts are more severe for speech
than for castanets.

Conclusion
The time-varying identification method based on spatial
interpolation is used for the dynamic measurement of
BRIRs in a real room. An optical tracking system is used
to capture the orientation of the head-and-torso simulator
which is rotated on a turntable. The BRIRs measured at
a angular speed of Ω = 0.5 ◦/s are able to achieve a mean
system distance of −22 dB with the measurement period
of about 7 min. The measurement suffers from stronger
errors for Ω = 4, 8 ◦/s, which is attributed both to the
poor SNR and spatial aliasing.

The presented method can be applied for the measurement
of individual HRIRs/BRIRs, where the listener can freely
move the head during the measurement. To be able to
incorporate more general head movements, the method
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Figure 6: BRIRs from the dynamic measurement that exhibit the (a) worst and the (b) best system distance.

has to be extended to more complex trajectories using 2-
or 3-dimensional interpolation.
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Abstract

The EU-funded 3D Tune-In (http://www.3d-tune-in.eu/) project introduces a novel approach using 3D sound, visuals
and gamification techniques to support people using hearing aid devices. In order to achieve a high level of realism and
immersiveness within the 3D audio simulations (both speaker and headphones-based), and to allow for the emulation
(within the virtual environment) of hearing aid devices and of different typologies of hearing loss, a custom open-source
C++ library (the 3D Tune-In Toolkit) has been developed. The functionalities of the 3DTI Toolkit are summarised as
follows: Binaural spatialisation Efficient spatialisation of anechoic sound files is performed by convolving them with
Head Related Impulse Responses (HRIRs) correspondent to the desired sources positions, and interpolated from those
of a Head Related Transfer Function (HRTF) selected by the user. The Toolkit can also add an extra shadow in the
contralateral ear for sources very close to the listener’s head, according to a sound propagation model. Furthermore, the
ITD (Interaural Time Differences) can be re-computed to match the one of a custom head circumference inputted by
the user. Distance simulation can also be performed for close and far sources. In addition to the anechoic spatialization,
the 3DTI Toolkit integrates binaural reverberation capabilities by convolving anechoic sources with room impulse
responses. Using a novel approach based on a low-order Ambisonic encoding, reverberation is generated for all sources
at the same time, but keeping certain location-dependent characteristics. This approach, together with an efficient
convolution algorithm in the frequency domain, allows the Toolkit to compute large reverberating scenes, with virtually
unlimited number of sources, maintaining high spatial accuracy for the direct sound (spatialised using direct-HRTF
convolution). Loudspeaker spatialisation. The 3DTI Toolkit can also perform loudspeaker-based sound spatialisation.
This has been implemented using the Ambisonic technique. Multiple sources are encoded in a 2nd Order Ambisonic
stream, which is then decoded for various loudspeaker configurations, allowing the user to customise each speakers’
position. The reverberation is generated using a similar approach to the one used for the binaural setup (i.e. based
on virtual loudspeakers), allowing to simulate virtual environments in the Ambisonic domain with a fixed number
of real-time convolutions, independently from the number of sources to be spatialised. Hearing loss simulator This
includes frequency filters (e.g. parametric and graphic equalisers), dynamic range compressor/expander, non-linear
distortion and degradation of the temporal and spatial resolution. Hearing aid simulator This includes functions such
as selective amplification, high/low pass filters, dynamic equalisation, directional processing (e.g. omnidirectional and
cardioid), dynamic range compression/expansion and re-quantisation (i.e. bitrate reduction). The 3DTI Toolkit can be
integrated with other development tools through a series of wrappers, which include Unity (for Windows, MacOS,
iOS and Android), Javascript, Pure Data, Max MSP and C++. A first version of the 3D Tune-In Toolkit Test App
has been released on the project website (http://www.3d-tune-in.eu/toolkit-developers), while the open-source
release (including the wrappers) will arrive before May 2018.During the conference, after an overview of the Toolkit
functionalities, attendees will be invited to install the Toolkit Test App directly on their machines, and try a few
demos using gyroscope and/or mobile phones as tracking devices.
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Abstract

Spherical harmonics can be used to achieve a direction-continuous representation of head-related transfer functions
(HRTF). This paper presents an analysis of this process using a freely-available full-sphere HRTF dataset measured
on a 2702-point Lebedev grid. It is shown that for limited modal order, the interpolation accuracy can be improved
by first extracting the onset delays and processing these separately. With spherical harmonics up to 35th order, the
interpolation was found to be indistinguishable from measured HRTF data, using a 2-AFC listening test. A multiple
stimulus rating test confirmed that these differences are inaudible whilst indicating that a nearest neighbour selection
is audible. When using spherical harmonics up to only 5th order, the differences are clearly audible, however separate
onset processing leads to much smaller differences.
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Stop challenging technology! Towards content-based audio
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Abstract

Production tools that hide their technical complexity stimulate an understanding of creation that centres ‘content’
rather than materiality, or form. What are the consequences when such user-oriented tools become the predominant
means for conceiving auditory experience? Many scholarly interpretations highlight as an advantage that ‘content’
creators do not have to deal with peculiarities of different sound projection methods anymore. However, assuming
a universal model for auditory space effectively shadows its exploration. This paper illuminates that the focus on
geometric representation may impede experiential sonic practice. The discussion departs from the main arguments of
the call for this ICSA‘s Student 3D Audio Competition. We aim to identify implicit demarcations that contradict the
transdisciplinary nature of ‘artistic engineering.’
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Are Loudspeaker Arrays Musical Instruments?
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Abstract

Compact loudspeaker arrays, such as the IKO (icosahedron, 20 loudspeakers) that use beamforming were introduced
for composition of electro-acoustic music with intentionally intense room excitation and interaction. It might be more
intuitive labeling such compact arrays as musical instruments than typical multichannel loudspeaker domes, which
often are referred to as technical tools within the compositional process.

In this paper we would like to discuss the different artistic and technical approaches and practices that come along
with sparse knowledge about listening habits and abilities of audiences in the current performance environments, when
using different loudspeaker arrays. By this we find criteria for the so called ’shared perceptual space’ (SPS). This shall
be the artistic-scientific field that conjuncts conflicting strategies to effectively guide future research efforts.

Der ”neue Ton” wird erst im letzten bestimmbar, wenn
das Problem der Verräumlichung (...) abgehandelt sein
wird. [1, p.865]

I. Introduction
A still increasing amount of loudspeakers, being set up as
compact or distributed loudspeaker arrays, is nowadays
utilized for e.g.

• 3D audio, such as in medical and engineering research
and in (home)-entertainment in order to enhance the
auditory perception of (reproduced or synthesized)
spatial sound phenomena, often referred to as audio
immersion

• large-scale sound reinforcement for large audiences
to enhance auditory perception of reproduced sound
phenomena

• audio measurement applications, such as room
acoustics

• sonic and audio-visual arts.

Typically all loudspeakers within such loudspeaker arrays
can be individually and electronically controlled by digital
signal processing. Thus, from a pure technical viewpoint
all applications deal with massive multichannel, highly
algorithm dependent reproduction of sound. It is up to
the mindset, which further roles the specific loudspeaker
array and its individual loudspeakers are playing within
the specific application.

Motivation
In this paper we would like to discuss some of the
mindsets and approaches of engineers, artists and listeners
regarding electro-acoustic music. More precisely, in this
contribution we are particularly interested in contem-
porary computer music that utilizes loudspeaker arrays
with the intention of composing media-specific spatial
sound phenomena. This is realized for example with
distributed arrays (such as the Acousmonium), with
distributed, audience surrounding arrays (such as an
Ambisonics dome) or with compact arrays (such as the
IKO).

A central and recently opened question of thinking
about instrumentality When (and why) is something a
musical instrument-and when (and why) is it not? [2,
p.9] should be taken into thorough consideration by all
involved parties for all types of loudspeaker arrays. The
technical and artistic aspects for partly answering this
question are elaborated in this paper.

State of Research: Musical Instruments
and Musical Instrumentality
While categorization of musical instruments initially had
difficulties embedding the very first sound producing
electronic apparatus (cf. the category electrophone
that was added in the 1940s to the classification [3]),
aesthetic strategies and self-evident utilization of technical
machines as musical instruments evolved from [1]—a
visionary statement on how electronically generated
spatialized music could impact on listeners: (...) ein
Klang fast sichtbar. (p.865)—towards a mature clas-
sification [4]. Recently, the question when and how
to define a musical instrument and the definition of
its instrumentality, in general and in computer music,
was newly discussed in [2, 5]. Both authors gather up
specific categories and aspects for defining a musical
instrument and musical instrumentality as such. While [5]
introduced the four categories reproducing, supporting,
generating and interaction, derived from literature and
artistic research, and then concludes that combining these
aspects is meaningful for practical classification of musical
instruments1, the article [2] discusses seven aspects of
musical instrumentality. These become partly utilized
within our short discourse in Sec. III.

Problem Statement
In the last decades, computer music artists were con-
fronted with new technology developed by engineering
approaches to utilize more loudspeakers with more
individual control and higher spatial resolution, cf. [6, 7].
Within a short period of time, artists started to use
these systems, such as Ambisonics, Wave Field Synthe-

1http://microphonesandloudspeakers.com
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sis (WFS), Vector Base Amplitude Panning (VBAP),
Distance-Based Amplitude Panning (DBAP) for their
own artistic intentions that where not always matching
these engineering concepts [8–10]. Moreover they often
encountered difficulties in the process to articulate and
verbalize the artistic ideas with the provided (often not
customized and rather technical) tools [11–14] .

Furthermore, contemporary computer music deals
with the question of performativity and liveness all
along [15–18]. This is strongly linked to the question
how exactly to define a musical instrument within the
(technically spoken) signal generating and processing chain
unit ’sound’, such that composed space evolves in an
environment.

Article Structure
The paper is organized as follows: In Section II the
common usage of loudspeaker arrays from engineering
and artistic viewpoints are revisited briefly. In Section III
prototypical viewpoints and habits are discussed within
and become embedded into the instrumentality discourse.
In Section IV we provide some line of thoughts and models
that might improve communication between different
users with different approaches and backgrounds. For
this the Shared Perceptual Space (SPS) seems to be
a meaningful tool for shared verbalization of different
approaches aiming at the understanding of the diversity
and enhancement of collective experience and expertise.
Section V concludes the paper.

II. Usage of Loudspeaker Arrays
For this contribution we simplify the utilization of
loudspeaker arrays into two models: (i) the reproducing
(technical utopia of sound field synthesis with ideally
infinite and practically sufficient spatial resolution) and
(ii) the creating (artistic utopia of a projection system
with infinite artistic freedom). It is a massive bipolarity
that we have to deal with since we are able to set up
massive multichannel loudspeaker setups. And these two
models clinch in practice, frequently.

Technical Utopia
Let us start with the technical utopia that would
be followed for perfect or convincing (whatsoever the
parameter are that specify this) sound field synthesis.
Virtual acoustic reality is a special application for
enhanced audio immersion, creating a simulation that
is technical identical or perceptually convincing to a
spatial sound phenomenon under reference. In 3D audio
engineering this is well known as either authentic (used
e.g. for hearing research, computer aided design of room
acoustics) or plausible (used e.g. for entertainment,
PR) holographic sound field reproduction. These are
approached with headphone based binaural synthesis
and with sound field synthesis deploying compact and
distributed, audience surrounding loudspeaker arrays
[19–21].

Surrounding loudspeaker arrays aim at the reproduc-
tion for an extended audience that should be located
in the—what is typically designated as—sweet area, i.e.

that area within the holography can be approached.
The influence of the reproduction space here is often
neglected, and typically free-field conditions are assumed
and desirable. When using compact loudspeaker arrays
for large-scale sound reinforcement (e.g. concert sound),
room interaction is often not desired, while for other
applications (e.g. measurement of room acoustics) ex-
citation of room reflections is mandatory. Completely
grating lobe free beam forming might be designated as
authentic radiation/directivity synthesis. Unless using
local sound field synthesis approaches for comparably
small sweet areas, authentic reproduction requires many
more loudspeakers and smaller spacing between them to
avoid spatial aliasing. Plausible reproduction requires
knowledge on how to create and design perceptually
convincing representations of real or artificial spatial
sound phenomena within the sweet area, cf. [13, 22–28].
Perceptual quality assessments on different reproduction
methods on different array types are typically approached
for simple virtual source types and audio scenes, often
searching for correlations of technical quality measures
with perceptual ones. In the last decade many assessment
vocabularies were designed with special attention to
virtual auditory environments, cf. [27] for a review with
special focus on localization.

Example: Concert Sound in between Tech-
nical and Artistic Utopia
Referring back to the question of technical and musical
instrumentality, we might consider a recent sound re-
inforcement application for concerts in stadiums. The
artist explicitly requests to deploy an public address (PA)
cluster system from the 1980s to intentionally obtain its
implicating concert sound aesthetics. Most definitely,
this PA system was technical instrument engineering as
best as possible in the 1980s. And for certain, nowadays
line arrays are deployed for technically optimum large-
scale sound reinforcement. Thus, the requested 80’s-
PA is not longer the optimum choice, but rather now
could be considered as an artistic tool, that shapes the
sound in space...other than a modern line array does.
Very obviously, both loudspeaker array types could be
considered as technical as well as musical instruments,
depending on the way of thought. Nothing new here,
since the change of utilizing a purely technical instrument
intentionally and a subsequent ’abuse’ for other meanings
is common practice considering musical instruments, cf.
[4, 5].

Artistic Utopia
The following paragraphs consider the artistic utopia of
spatial sound generating systems with unlimited artistic
freedom. Computer music often utilizes loudspeaker array
designs and control methods that originate from the
engineering effort described above. This trend can even be
traced back to early electro-acoustic music compositions
and how the utopia was approached then, cf. Varèse’s
Poème électronique and the Acousmonium. In the last
decade, the trend for increased usage of loudspeaker
arrays with increasing channels is observable [6, 7], along
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with common expectation that the engineering utopia
on sound field synthesis can be easily and meaningfully
utilized in the artistic composing process. That way
many Ambisonics and WFS pieces have been composed
with believing in loudspeaker-array agnostic performance
following the holographic approach. This could be
considered as the utilization of loudspeaker arrays as
technical instruments acting as transparent apparatus.

Reproducing

Simultaneously by following [5], this holographic approach
categorizes the loudspeaker array as a reproducing musical
instrument [5, p.22,38]. The concept of holography was
initially discussed as acoustic curtain by Steinberg and
Snow in 1934 (cf. [5, p.22f]) and was frequently approached
with the technical tools at hand at certain times. However,
the issues and problems reported in literature indicate
that the approach seems at least not so straightforward
as an artist might expect. Object-based methods for such
sound field synthesis applications are expected to solve
certain issues.

In [29] an agenda for interdisciplinary artistic/technical
(empirical) research on multichannel audio in electro-
acoustic music is sketched, which is still of fundamental
actuality. This is of special importance since the expec-
tation, perception and verbalization of a spatial sound
phenomenon might differ between artists and technicians.
The issue is rarely addressed in literature so far, cf.
[8–10,30] for pioneering work on elaborating perceptual
aspects, that are known from engineering psychoacoustics,
for computer music composers. Furthermore, different
interface tools on controlling musical and technical
instruments for generating spatial sound phenomena
might be required, cf. [29].

Supporting, Generating, Interaction

Besides the reproducing aspect, van Eck’s further cate-
gories to define loudspeaker (arrays) as musical instru-
ment(s) are supporting, generating, interaction [5, Ch.2].

The supporting concept features loudspeakers as
musical instruments that spatialize the sound of e.g. a
Theremin, a Trautonium, a Ondes Martenot, an electric
guitar, i.e. there is a core technology that produces
vibrations by a traditional operating concept (i.e. playing
an instrument), but the involved loudspeakers exhibit
essential sound shaping features, cf. [5, p.38ff].

The generating concept features loudspeakers as
musical instruments where vibrations originate from
analog and digital electronics together with no traditional
instrumental playing operation necessarily be involved.
This concept features the initial dreams of Varèse’s sound
producing devices [5, p.45ff]. Computer music using
(variable) directivity synthesis with compact loudspeaker
arrays [28] and columns might be easily affiliated with
this generating concept, cf. [14, 31]. This also might hold
for distributed, audience surrounding loudspeaker arrays
used for sound field synthesis.

The interaction concept features loudspeakers as
musical instruments when an interaction between a
performer and the instrument can be recognized [5,
p.49ff]. Here the key idea is to spatialize electronic

vibrations with individual control of the loudspeakers.
Prominent examples for interaction with loudspeaker
arrays considering them as musical instruments are
the Acousmonium, the BEAST or the laptop orchestra
equipped with small hemispherical loudspeaker arrays [5,
p.131ff]. Typically, these approaches refer to as live
performances and often emphasize the usage of potentially
different types of loudspeakers. This category for instance
would allow for thinking of a compact loudspeaker array
acting as a (not-human) performer and the room being
the excited instrument.

In [5, Ch. 5] the author then argues that the four
aspects of a musical instrument definition for loudspeakers
and arrays should be considered coherently. Although
there might be obvious examples of single aspects (given
exemplarily above) the other remaining aspects will
apply as well. It is exactly this combination that makes
(...) loudspeakers unique in the field of music. To find
compositional strategies specific to (...) loudspeakers,
one should therefore not search for their potential to
act like musical instruments, but for combinations of
different approaches (...) resulting (...) in a piece that
is using the unique features of these devices [5, p.147].
This search inherently involves the concepts of gaining
experience by rehearsing, failure and success, all linked
to instrumentality concepts such as learnability and
playability, cf. [2].

III. Discourse on Musical Instru-
ments and Musical Instrumentality
The question whether a loudspeaker can be a musical
instrument is initially a question of utilization. As
been said before from the engineer’s point of view it is
reproduction tool. But taking the history of acousmatic
music and here particularly the development from the
Acousmonium [32] to the eventual BEAST [33, 34] we
understand that artists used and are using loudspeakers
as instruments, building loudspeaker orchestras and
developing techniques for spatialization of acousmatic
works. Mostly by projecting stereo but also multichannel
tracks with the help of mixing consoles or advanced
spatialization software and different kinds of loudspeaker
designs they are utilizing the acoustical features of the
respective devices. By this they are sculpting the sound
and its spatial proliferation in a way that might not
foreseen by its original builders [32,35,36]. Recently there
have been more publications about the ’abnormal’ use of
loudspeakers and the question of when we call something
a musical instrument in the 21st century, cf. [5] already
mentioned in Sec. II.

Loudspeaker arrays constitute ”higher-order” repro-
duction tools in electro-acoustic engineering. As we
have discussed above, the underlying approach from
initial utopia to mathematical treatment, subsequent
research and iterative product development and psycho-
acoustical validation is sound field reproduction. In
the contemporary practice of electronic music e.g. in
universities’ experimental studios, in clubs and art
installation spaces, loudspeaker arrays are not only used
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according to their developer’s initial intentions. There
are several examples that composers experience textures,
gestures and proliferations of sound that where not
intended at all [18,37–40] and these phenomena raise new
questions on reproducibility, inter-personal perception and
aesthetics [11]. We experience that the idea of the neutral
medium ends mostly where its existence as a musical
instrument or in a broader sense - as an artistic medium
begins: With the production of an - however generated or
staged ”Eigenklang” or its characteristic features as part
of an aesthetic strategy. [41, p.19] 2

Musical Instruments of the 21st Century—
Dealing with and Producing Space?
Sarah Hardjowirogo indicates that musical instruments
of the 21st century and those of earlier times differ in
many respects, be it their appearance, their technical
functionality, their playing technique, or their sounds [2,
p.9]. Although she produces an extraordinary research
on the pivotal positions to date and discusses them
in the light of the current performance situations, she
does not consider the different ways these instruments
might deal with or produce space. Central question for
Hardjowirogo is When (and why) is something a musical
instrument—and when (and why) is it not? [2, p.9]. To
encircle the field of possible criteria she is introducing
the notion of instrumentality. The specificity of musical
instruments as distinguished from other sound-producing
devices is expressed by a concept of instrumentality, which
seems to be a gradeable and dynamic concept that is not
tied to an object per se but is rather a matter of cultural
negotiation. More precisely, it denotes the potential for
things to be used as musical instruments or, yet differently,
their instrumental potential as such. [2, p.17] Consequently,
an object is not per se a musical instrument (ontological
definition) but it becomes a musical instrument by using
it as such (utilitarian definition). [2, p.10]

Therefore it seems to be necessary to turn the focus
away from the instrument as a material object and look for
its immaterial features. So we have to ask, what it means
to use something as a musical instrument. What are the
actions typically associated with musical instruments?
What, other than that, constitutes a musical instrument
as such? And we shall add the question: How or when
does the contemporary audience understand these actions
as instrumental in a musical sense? To date, the role
of audience perception has not received much attention
in the study of contemporary instrumental performance,
cf. [2, 42].

Croft [17] states that the perception of instrumentality
is directly connected with the perception of liveness. Ever
since Philip Auslander’s 1999 book on liveness [43], the
term has become increasingly popular and still inspires
a significant amount of works in the field. Lately, there
has been a number of studies to capture the perceived

2Die Rede vom neutralen Medium der Wiedergabe endet nach
aller Erfahrung dort, wo seine Existenz als Musikinstrument oder
im weiteren Sinne als künstlerisches Medium beginnt: mit der
Fokussierung eines wie auch immer generierten und inszenierten
Eigenklangs oder seiner dispositiven Eigenschaften als Teil eine
ästhetischen Strategie. [41, p.19]

liveness of digital musical instruments, e.g. [44–46].
Thus, we can assume that instrumentality must not

be conceived as a constant, but rather a gradeable,
dynamic term which means that an object may be more
or less instrumental, according to its expression of the
characteristics associated with instrumentality.

Hardjowirogo thoroughly lists criteria that repeatedly
appear in literature and practice and thus could play a
major role for the subsumption of an object as a musical
instrument (with instrumentality). However, it is not
necessary that an object fulfills all the criteria to function
as an musical instrument in the end. We will discuss them
sequentially in the following.

1. Sound production
The musical instrument defining aspects reproducing and
generating of [5] could be linked here. A most obvious
criterion, but one has to keep in mind that in digital
music the instrument’s sound is not an immediate result
of the sonic characteristics of a material object anymore,
as is the case with traditional instruments. Computer,
software and interfaces shape the sounding result but
only with the loudspeaker as the producer of sound fields,
spatialized music can be perceived as such.

Moreover, using loudspeakers in our daily practice
we know that every speaker has its own sound, shaping
the output of the signal that is turned into sound waves.
Even in the Ambisonics or WFS domain we notice severe
differences of the sound product between concert venues
and studios using different loudspeaker brands and devices.
Especially adapting a composition from a hemispherical
dome to an IKO shows how immensely different the ’same
sounds’ sound because of different decoding, spatialization
and therefore filtering and spatial propagation. The same
piece sounds different as we use different loudspeaker-
instruments for the production of its sounds.

2. Intention/Purpose
Typically, we think of instruments as discrete, self
subsisting material objects, intentionally crafted for the
purpose of making music by performing musicians. [16,
p.38]

By discussing what role the aspect of intention or
purpose plays for instrumentality, we find numerous
examples for instruments that have not been designed
as such originally but still involve some kind of human
intention, namely the intention to use the object as a
musical instrument (e.g. cow bells, saws, sirens) [47].
Especially in electronic music we often find that sound
producing or altering devices such as sine wave generators,
tape machines, record players and laptops where originally
not designed for music [4], but found their way into the
apparatus of electronic music concerts, laptop orchestra
performances and installation art.

Intention and purpose are quite decisive features for the
construction of instrumentality in that playing a musical
instrument always requires both the intention to do so and
the purposeful use of something (that may also have a
different original purpose) as a musical instrument. [2]

As mentioned above, we can observe an ongoing

Directivity / Arts Sharma and Schultz

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

28



cultural practice to use loudspeaker arrays with the
intention to create three-dimensional gestural [11,38,40]
and sculptural [14,32,48] sound phenomena that perform
space as such. The musical instrument defining aspects
generating and supporting of [5] might be linked here.

3. Virtuosity/Learnability
Both learnability and virtuosity involve the opportunity to
improve one’s playing skills through exercise. In a broader
sense this means that the higher the impact of practising
an instrument, the higher its degree of instrumentality. [2]

But do we have to witness as an audience the process of
playing skill’s as manual actions or can we experience how
much someone has learned within the practicing process,
say in the interdependent web of timbre, placing of sounds
and their movements in space? Auslander states that, at
least in professional instrumental performance, playing
an instrument should appear more difficult than pressing
a play button [43]. Consequently, a fixed media concert
played back with a loudspeaker array is not using the
loudspeakers as an instrument because no human physical
action can be perceived over a period of time.

Taking the degree of virtuosity to another level, [49,
p.307] declares, [v]irtuosity also means the possibility
to bypass some kind of impossibility [. . . ], to go beyond
reality, to cheat triviality.

With loudspeaker arrays we are able to form flexible
spatial objects not only as the mere output from a chain
of membranes, we are able to compose spatial sound
entities that are almost impossible to create with any other
instrument. Experiencing the IKO in particular, first-time
listeners describe sculptural sound phenomena that they
have not been able to imagine before and even specialists
in the field experience spatial events that are hardly
describable by common terminology [30,42,50–52]. Hence
we could say that by creating musical sound objects in
time and space, today we bypass the actual impossibility
of moving ’sound-masses’,’planes’, ’discernible beams of
sound’ and ’zones of intensities’ as Edgar Varèse where
formulating his utopian music in the 1930s [53] 3 long
before the actual technical means where at hand.

Consequently, it is not the pressing of a play button
but the effort of concentrated mind, bodily experience,
intuition and practice that are set to unfold and make
spatial sounds performing the piece. Virtuosity has then
shifted from bodily effort to the knowledge and spatial
practice of a deepened interdisciplinary scientist-artist
collaboration as an act of mutual translation of different
languages, technical abilities and socializations before the
actual performance, digitally stored to be later performed
within the ’virtuous’ interplay of loudspeaker arrays
projecting sound and the conditions of the listening space.

3Today, with the technical means that exist and are easily
adaptable, the differentiation of the various masses and different
planes as well as these beams of sound could be made discernible
to the listener by means of certain acoustical arrangements [...]
[permitting] the delimitation of what I call zones of intensities.
[...]these zones would be differentiated by various timbres or colors
and different loudnesses. [they] would appear [...] in different
perspectives for our perception [...] [they] would be felt as isolated,
and the hitherto unobtainable non-blending [...] would become
possible.

Especially when it comes to digital instruments, the
learning process can be quite different from that known
from traditional instruments as learning procedures and
playing techniques are not yet standardized and often
must be developed first. Furthermore the visuality of
sound production, for example on screens is not able to
represent the sonic output especially when it comes to 3D
sound phenomena and often even fail the perception [54].
So virtuosity in electronic music—if necessary for its
instrumentality at all—can be found in the way experience
in the use of loudspeaker arrays can be experienced by the
audience in a concert situation especially when it comes
to difficult spatial differentiations and definitions .

4. Playability/Control/Interaction
Both playing and controlling a common instrument
involve immediacy regarding the connection between the
instrumentalist’s actions and the instrument’s sound, but
they differ in the degree of agency they ascribe to the
instrument. Traditionally we would say that interaction
can be understood as a concept of instrumental play that
ascribes as much agency to the instrument as it does to
the performer, cf. [2, p.19]. But today there is another
connection of actions at work namely the interaction
between artists and engineers. These connections may
function on a lose mutual information based collaboration
or as a close development cooperation. In any case
and degree they are always present in the community
often shifting the weight of agency between the two
parties. Especially in the field of interface design levels of
interaction are still in debate [55]. Loudspeaker arrays in
a concert situation, without a human performer present,
do of course not feature playability and need no physical
control. In computer music the role of the performer as
the one in control for an object is questioned from the
very early stage until today. In this context, the idea
of musical instruments having their own agency [56] has
become a popular and much-discussed topic, in artistic
programs [57,58] as well as in theoretical discourses [59,60].
But there is hardly any research on the audiences’ side
how much of this is actually important to understand an
object as a musical instrument in a performance situation.
Using loudspeaker arrays it is the interaction with the
spatial attributes of the listening space that gives the
sound production a unique form that can be experienced
by the audience on very subtle levels.

5. ”Immaterial Features”/Cultural Em-
beddedness
Cance et al. especially refer to the importance for a
new instrument to take up existing aesthetic practices.
[61, p.21]. We showed that the forming of three-
dimensional sound objects became a desideratum of
composition in spatialized computer music within recent
years. Over the past 25 years so called virtual reality
became a subject to much debate across all disciplines
from science, to arts and new media seeming to be
a field of social and political concern [62, 63]. For
that, again the question is raised what we actually can
experience by creating technical environments that feature
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instrumentality beyond reproduction.
Not only do electro-acoustic composers have the

freedom to design sounds that specifically support spatial
effects, but they can also explore ways of creating sounds
that have no obvious analog in the physical world. [8]

Loudspeaker arrays do exactly fit in this debate being
one of the first musical instruments that can create sound
formations that can only exist in its artificial environment
and may or may not do refer to forms and constellations
outside its design.

[64, p.274] has pointed out that the value and meaning
[of musical instruments is] negotiated and contested
in a variety of cultural arenas and that, apart from
studying its physical functionality and its location in the
organological system, an instrument’s identity cannot be
fully understood without studying the cultural contexts
in which it is embedded. In electronic music the idea of
instrument and its instrumentality has changed drastically
within the past 70 years [4, 55]. Moreover we can say
that electronic music reflects the way our live became
more and more mediatized and mediated by technical
environments [43, 65] by using everyday technical objects
not intentionally made for the production of music as
instruments like record players, tape machines or laptops.
Thus the focus lies more on the unique sounds that can be
produced than on the fitting of the object in the tradition
of instrument-making, its playability or controllability
or the common expectation that one has to train and
rehearse these instruments like a violin or the piano
for years. Mastering an instrument today can mean to
define the properties of an object for its use in a musical
digital environment and to contextualize this object as a
musical instrument as well as staging the instrument in a
meaningful way for an audience.

6. Audience Perception/Liveness
Paul Sanden proposes a theoretical framework for under-
standing how the concept of liveness is active in the
creation of music’s meaning, especially although not
exclusively at an aesthetic level [66]. The term still carries
with it a defining connection to unmediated musical
performance along with the aesthetic and ideological
values associated with that performance [2, p.4]. For
Sanden liveness is not a fixed ontological state that
exists in the absence of electronic mediation, but rather
a dynamically performed assertion of human presence
within a technological network of communication.

As in most of music projected with loudspeaker
arrays human presence is not part of the performance
situation but especially in spatialized electronic music
gesture plays a vital role [67]. Denis Smalley claims
in his groundbreaking and widely acclaimed article on
Spectromorphology : When we hear spectromorphologies
we detect the humanity behind them by deducing gestural
activity, referring back through gesture to proprioceptive
and psychological experience in general [37, p.111].

Thus we could subsume that although there is no
human activity caused by a human being we may expe-
rience spatialized electro-acoustic music as dynamically
performed assertion of human activity. Unfortunately

there has not been a lot of research in this field of
perception although this quote by a highly distinguished
composer and musicologist in this field made its way
into science and teachings [40, 68] underlining that
experiences from compositional and performative practice
gives ground for such conclusions.

For Dugal McKinnon loudspeakers in acousmatic
music are typically used to create vibrant aesthetic
experiences in the absence of live performers and any
significant visual element. Such acousmatic contexts,
while not conventionally live, use sonic immersion, spatial
articulation of sound and the experience of sound as
invisible matter to create a unique form of liveness. He
detects a historical shift and therefore a radical change of
the idea of musical performance Loudspeaker music shifts
the centre of gravity away from the performer and towards
the listener, reconstituting liveness as listener-determined.
[18, p.269]. For Mc Kinnon liveness of loudspeaker music,
particularly in immersive sonic environments, emerges in
the interaction of sound, space and the somatic, affective,
and interpretative activity of the listener. In his opinion
this can happen only in the absence of performer and
performance, and in the presence of the loudspeaker.

Such liveness is both singular and radical, particularly
within a contemporary cultural context dominated by
multimedia, whether spectacular or mundane.Yet the loud-
speaker is always a broken tool, its visual-physical presence
undermining the very audialimmaterial experiences it
creates, even as this deficient object magically propagates
qualitative abundance, ontological ambiguity and somatic
presence. [18, p.270].

Following the arguments of both Auslander and Croft
[17, 43], instrumentality in the sense of a category that
legitimates instrumental performance is highly dependent
on audience perception. But to date, the role of audience
perception has not received much attention in the study
of contemporary instrumental performance.

7. Interaction with and Production of
Space
Interestingly, Hardjowirogo and non of the authors above
consider the interaction of an object with its environment
as a criteria for instrumentality. Only David Burrows
states that Instruments raise questions [...] about the
control of the spaces around and between us [69]. Every
musical instrument is changing the experience of space
by its very own wave propagation pattern. For some
space theorists of our time e.g. [70–72] space is not
static and depends strongly on the perception of the
individual. Movement, alteration of spatial constellations
and staging of entities create spaces (and sometimes more
then one) in relation to a given place. We could say that
loudspeaker arrays actually produce their own spaces
within acoustic environments. In electro-acoustic music,
the acoustic experience has often been a reference point,
but the technology of electronic reproduction expands
the scope and complexity of spatiality in a radical way.
Even though the apparatus may be located within a
physical space and even though our spatial hearing has
developed within a physical world, electronic reproduction
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creates the potential for an art of spatiality [8]. Within
loudspeaker music, space became a parameter of music
itself. Thus space is part of the musical production
process [14, 32, 65, 73, 74] though the artistic strategies
are still vague and not very well documented. In 1991
Marco Stroppa wrote: Even supposing that all of the
scientific and technological difficulties are resolved, it
remains unclear as to how we can organize space in its
diverse meanings as a musical material [11]. And Barret
states: We are far from a complete understanding of
spatial ontology. Little has been theorised on an aesthetical
level in terms of three-dimensional sound projected over
loudspeakers and removed from visual causation, nor have
ideas which in the stereo field are restricted to concept been
significantly explored in the reality of 3D [75]. Though
the concept of spatialization or spatialization of sound
is not used unambiguously, it is generally assumed that
we can distinguish between two basic traditions: the
loudspeakers and the concert hall can be understood as
the environment of the composition, or the loudspeakers
and the surrounding space become the vehicle to create
certain spatial sound phenomena [50]. In any ways
loudspeaker arrays can be used to create spatial sound
phenomena and sounding spaces within the concert hall
and therefore interact with their environment as most
musical instruments do.

IV. Discussion
Working with loudspeaker arrays composers of electro-
acoustic music are researching how they can still detect
potential for aesthetic experiences and make them useful
for the sonic arts in the present. It seems unavoidable
that this question causes them to fall back on their senses
using their ears and the intellectual reflection of what
is experienced and experienceable on location with the
instruments at hand. As shown, a specific cultural context
arises in the perception situation of the acousmatic
paradigm. What is conceptualized and experienced in
the studio or laboratory before is not played back in the
performance in the sense of a discretization of the former.
Rather, the present is made differently experienceable.
But still much has to be done, cf. [1].

The more that we understand about the complex rela-
tionship between spatial sound systems and the listener’s
spatial thinking, the better we will be able to harness
the capacities of such systems for artistic purposes. [54,
p.229] and further Kendall points out that, conceptual
terminology can be out of alignment with the technical
capacities of spatialisation systems, out of alignment with
the actual experience of spatial sound and therefore lead
to under-utilization in electroacoustic composition [76].

Shared Perceptual Space
Therefore we propose to work with the concept of the
Shared Perceptual Space (SPS) [14,42], a research topic
within the artistic research project ”Orchestrating Space
by Icosahedral Loudspeaker” (OSIL, PEEK AR-328-G21
funded by the Austrian Research Promotion Agency).
Incorporating artistic experience and psychoacoustic
research, this project conducts listening experiments

that provide evidence for a common, inter-subjective
perception of spatial sonic phenomena created by the
IKO. The experiments where designed on the basis of a
hierarchical model of spatio-sonic phenomena that exhibit
increasing complexity, ranging from single static sonic
objects to combinations of multiple, partly moving objects.
The results explore new compositional perspectives in
spatial computer music, cf. [30, 42].

Recent international studies reveal, that we are not
talking about a sideshow here. Spatialization, the
synthesis of spaces and spatial properties of sounds for
a listener, is a growing field of interest for researchers,
sound engineers, composers, and audiophiles. Due to
broad and diverse viewpoints and requirements, the un-
derstanding and application of spatial sound is developing
in many ways. To benefit from varying viewpoints,
individuals involved in artistic practice and those involved
in theoretical or applied research need to engage in regular
dialogue [7]. If we want to make a more artistic use of
loudspeaker arrays we need to establish a close exchange
of knowledge, experiences and concepts between engineers,
composers and audiences to understand more of the
variety of experiences possible and the practical and
conceptual limitations of our technical environments,
as [29] was already calling for a decade ago.

There are at least three reasons why the spatial
potential of electroacoustic music is not always realized:
1) misconceptions about the technical capacities of spa-
tialization systems, 2) misconceptions about the nature of
spatial perception, especially in the context of such systems,
and 3) a lack of creative engagement, possibly due to the
first two issues [8]. It is therefore a matter of finding
parameters for an inter-subjective space for the perception
of three-dimensional sound phenomena. For the composer,
the question arises to what extent a communicable
composition of plastic sound objects is conceptually,
theoretically and at all practically possible when faced
with changing technical conditions, architectural space
situations, different room descriptions, and perceptions.
Only without ’virtuous’ interdisciplinary work in this
field this fundamental question will remain not answered
and the potential of these systems will stay in ’earliest’
stages. Moreover we need a vivid discussion in the light
of a mediatized world and of virtual reality to which
concept of ’reality and authenticity’ we actually refer
while working with complex loudspeaker arrays: Reality
is as much about aesthetic creation as it is about any other
effect when we are talking about media. [77, p.241].

Over the last 15 years the technical equipment of
composers has improved both in quality and quan-
tity, with sound spatialization based on five or more
loudspeaker channels being increasingly preferred over
traditional two channel stereo systems [6]. It seems that
within the last 80 years the technical possibilities came
quite close to the utopian ideas that artists like Edgar
Varèse expressed when he made his famous statement
in 1936(!): Today, with the technical means that exist
[...]. Moreover loudspeaker arrays are not part of a
subculture or still bound to academical funding. Even
loudspeaker instruments like the IKO by IEM and sonible
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found there way into production and can be purchased
for entertainment, that we can say [...] the spatialization
equipment and technology have become readily available
[78, p.17].

However to date with the different formats existing,
projection techniques and devices, object- and channel-
based reproduction, software tools, spatial concepts
explained and discussed it is virtually unresolved what the
different listening groups (engineers, musicians, audiences)
hear where in the created space, how they experience
plastic sound objects and how they would describe them
for themselves. Furthermore we have learned that musical
instruments are complex, culturally freighted artifacts
allowing for particular ways of interaction that result in
particular sounds, cf. [2, p.22]

V. Conclusion
Now, back once again to whether loudspeaker arrays are
musical instruments? Of course.

For the sheer playback or reproduction approach it is
a tool, maybe an advanced one, fulfilling a simple purpose
to reproduce what was formerly developed, composed,
recorded somewhere else. But different motivations in the
approach towards spatiality and space in music and sonic
art show that the mindset has changed. If we take art
as a highly liable sensor for current streams of societal
issues and trends [79] we can assume that we are here
at the brink of what will be aesthetically daily business
in our lives may it be in concert halls, shopping malls,
augmented or virtual realities.

For the works of present and contemporary utilization
of these entities it seems to be crucial being able to
understand and therefore use loudspeaker arrays as
musical instruments if composers of spatialized electronic
music want to make artistic use of the contingencies of
such systems. Therefore we need to and can approach
these objects on multiple levels of instrumentality as
described above. That does not mean to lose traditional
aspects of instrumentality, on the contrary, we have to
examine virtuosity, interaction or liveness in the light of a
more and more mediated environment to find meaningful
categories for orientation.

Furthermore we could enter a sphere of spatial
composition that works media-specific, actually building
spaces according to ongoing discourses and not only filling
them. That would actually redeem the claim of sound
sculpting and 3D objects. For engineers working in
the related fields it is fundamental to anticipate artistic
perception-based research—may it be art, entertainment
or marketing and PR as cultural practices in every day
live.

In the cases both of music and of science, detachment
involved the use of mechanical aids: scientific instruments
helped discover a world, musical instruments to build
one [69].

Acknowledgment
The authors would like to thank Elena Ungeheuer and
Franz Zotter for valuable comments.

References
[1] Beyer, R. (1928): “Das Problem der ”kommenden

Musik”.” In: Die Musik, 20(12):861–866.

[2] Hardjowirogo, S.I. (2017): Musical Instruments in
the 21st Century - Identities, Configurations, Prac-
tices, chap. Instrumentality. On the Construction of
Instrumental Identity. Singapore: Springer Nature.

[3] von Hornbostel, E.M.; Sachs, C. (1914): “Systematik
der Musikinstruments. Ein Versuch.” In: Zeitschrift
für Enthnologie, 46(4/5):553–590.

[4] Ungeheuer, E. (2008): Zauberhafte Klangmaschinen
- Von der Sprechmaschine bis zur Soundkarte, chap.
Imitative Instrumente und innovative Maschinen?
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3D Audio in Rooms with Compact Wedge Arrays
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Abstract

Three dimensional audio from compact loudspeaker arrays has been explored in different forms. A number of techniques
intentionally steer beams towards the walls in a room and generate reflections that give the impression of a source at
the mirrored position behind the wall. This enables the creation of a system with virtual sources around the listener
position. Wedge arrays are particularly suitable for this kind of application because their beamforming technique uses
a model that includes the reflections from walls, floor and ceiling of the encompassing wedge. Inside a box-shaped
room, the wedge can be either a corner but also a wall, in a wider sense. A method for three-dimensional audio from
one or more wedge arrays is proposed. Using beam patterns whose main lobes can be steered both horizontally and
vertically, the creation of virtual sources around a listening position is achieved. It is shown that some virtual sources
can be created through direct beams and beam reflections, while some can only be synthesised as phantom sources,
depending on the respective position of the arrays and the listener in the room. Parametric expressions for the control
filters creating the beam patterns are derived and the expected beam pattern obtained from a given wedge array is
predicted through simulation.

Introduction
Until recently 3D audio reproduction for consumers was
limited to purposefully specified channel-based systems,
e.g. 5.1, 7.1 or similar loudspeaker layouts. The
introduction of object-based audio to the consumer market
in the form of Dolby Atmos and DTS:X (to name a
few) extends the palette of reproduction systems beyond
channel-based implementations. The system independent
format for program material enables the creation of novel
reproduction systems for both professional and consumer
audio that can be optimised for an intended environment.

Compact loudspeaker arrays capable of beamforming have
been presented in linear [1, 2], circular [3, 4] and spherical
form [5]. The commercially available sound bar YSP-5600
sold by Yamaha uses beamforming technology to deliver a
7.1.2 experience from a single compact device. It creates
the required surround channel sources virtually by aiming
beams towards the walls of the reproduction room such
that the reflection occurs in direction of the listener. This
creates the impression of a loudspeaker at the position of
the reflection point on the wall. The system thus merely
simulates a channel-based system, although it can still
reproduce object-based material with the appropriate
rendering on the channel-based system. Consequentially,
the bottleneck remains the 3D reproduction performance
of the underlying channel-based system. Furthermore, the
beamforming mechanisms of these types of arrays typically
assume that the system is located in the free field, which
is far from reality when used in a room. This suggests
that arrays that account for the entire environment or at
least a portion of it may provide a better performance
over existing technology.

This work proposes a 3D audio system for box-shaped
rooms based on wedge-arrays. The latter have been
described in detail in [6]. In the context of this work,
wedge arrays can be understood as loudspeaker arrays
that are installed on a curved baffle that is fitted into
the corner or onto the wall of a room. With the model

developed in [6], this type of array can be analytically
modelled through modal decomposition in their local,
ideal environment. When used in a box-shaped room,
certain assumptions must be made, as the presence of
more than two walls is, strictly speaking, a violation of
the wedge assumption. However, the proposed system
is likely to perform better than conventional arrays that
simply assume a free field for their beamforming method.
It is shown that combining one or two wedge arrays with
a suitable beamforming technique provides control over
the acoustic intensity at the listener’s position. This can
be exploited to create virtual sources in many directions
associated with the frontal hemi-sphere before the listener,
but in theory also to create sources behind the listener.
The latter is however not covered in detail in this work.

The remainder of this work is organised as follows. First,
the acoustic model for wedge arrays is presented. Then
the basic beamforming mechanisms that are needed for 3D
audio reproduction are derived, based on the assumption
that the system is used in box-shaped rooms. Simulation
results for the pressure and the intensity field of different
virtual source directions are presented and analysed in the
penultimate section, before the findings and results are
summarised in the final section, together with an outlook
on future work.

Acoustic model
The spatial description of the acoustic model is based
on the cylindrical coordinate system as shown in Fig. 1.
The model description is given in the frequency domain,

x

y

z

φ
r

z

x

Figure 1: Cylindrical coordinate system.
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Figure 2: (top row) Frontal- and (bottom row) top-view
of (left column) quadrant arrays and (right column) hemi-
cylindrical arrays.

and the time dependency factor, e−iωt, as well as the
dependency on the angular frequency ω are omitted for
reasons of brevity. The chosen time convention is the
same as the one used by Williams in [7].

Structure of wedge arrays
Figure 2 shows a sketch of the structure of two types of
wedge array relevant in this work. They can basically be
described as a uniform distribution of loudspeakers on
a curved baffle with radius rS , height ζ, and spreading
angle κ. In the following, the two types of wedge arrays
are referred to as

• quadrant arrays (to be mounted into a corner), with
an angle of κ = π

2 , and

• hemi-cylindrical arrays (to be mounted on a wall),
with an angle of κ = π.

In both cases, the loudspeakers are arranged on U arcs
that are uniformly distributed along the height of the
room, ζ. Each arc holds L loudspeakers that are uniformly
distributed along the arc length. The position of the
individual diaphragms’ centre on the curved baffle is given
by (φl, zu), where

φl =

(
l − 1

2

)
κ

L
, l ∈ [1 . . . L], and (1)

zu =

(
u− 1

2

)
ζ

U
, u ∈ [1 . . . U ]. (2)

Each loudspeaker can have its individual driving function
ql,u and all loudspeakers are assumed to have the same
diaphragm.

For the development of the beamforming method, a wedge
array will later be divided into sub-arrays, where each of
the latter comprises all loudspeakers on the same arc at
height zu. But first, it is necessary to formulate a model
for the pressure field radiated from the wedge arrays.

Model for the pressure
The expression for the pressure can be simply written as
the sum over the product of an acoustic transfer function
G(r, φ, z|u, l) and the loudspeaker driving functions, ql,u,
yielding

p(r, φ, z) =

L∑

l=1

U∑

u=1

G(r, φ, z|l, u)ql,u. (3)

The transfer functions describe the acoustic propagation
from a loudspeaker located at (φl, zu), moving with
a diaphragm velocity proportional to the loudspeaker
driving functions ql,u, to the observation point (r, φ, z)T .
Their exact expression has the form of an infinite series
expansion and derived in Appendix A.

With this model for the pressure field that is radiated
from wedge arrays, the beamforming method can now be
developed in the subsequent section.

Beamforming with wedge arrays
The proposed beamforming method in the horizontal
domain is based on a mode matching (or phase mode)
approach [8, 9, 10]. It can be used to control the horizontal
beam pattern at a target distance, rL, and a target height,
zL, from the sub-array located at zu. The first thing that
is needed to achieve this is a target beam pattern in the
φ-domain.

Target horizontal beam pattern
The chosen target beam pattern for the horizontal plane
was previously presented for hemi-cylindrical arrays in
[11] and can be generalised for quadrant arrays as well
[6], yielding the expression

f(φ) =

N ′∑

n=0

Φn(φB)
∑N ′

n=0 Φn(φB)
2

︸ ︷︷ ︸
fn(φB)

Φn(φ) , (4)

where the function Φn(φ) is defined in Appendix A. The
width of the main lobe, and number of side lobes can be
controlled with the order of the beam pattern, N ′. A
selection of sample beam patterns for hemi-cylindrical
arrays can be seen in Fig. 3. With the mode matching

0

/6

/3

/2

2 /3

5 /6

-60 -40 -20 0

Figure 3: Selection of beam patterns calculated from Eq. (4)
for a hemi-cylindrical array.

approach, these beam patterns can be synthesised through
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every individual sub-array at a target control radius
and height, rC and zC , respectively. The expression for
the driving functions as a function of the beam pattern
coefficients fn(φB) is presented at the end of this section.
The next subsection introduces the mechanism for the
vertical beam steering.

Vertical beam control
In order to steer the beam in the vertical direction, it
is assumed that the U sub-arrays form a vertical line
array of transducers with high directivity. This line array
of sub-arrays can then be used to steer a beam at a
vertical target angle, αB, by delaying the signals fed to
the individual sub-arrays appropriately, as described for
a simple line array in [12]. Note that, in theory, the floor
and ceiling violate the free field assumption on which the
method given in [12] is based, and the observation point
would also need to be in the far field of the aperture.

Following the method for line arrays, the sub-array delays
required for the target beam angle, αB, can be derived
using the sketch in Fig. 4, yielding

τu =
u− (U + 1)/2

c

ζ

U
sinαB . (5)

The additional factor (U+1)/2 is used to balance positive
and negative delays around the centre of the aperture.
Note that the given expression does not contain a causality
compensation.

k
d

ζ
U

αB

1 U

Floor Ceiling

Curved baffle

Figure 4: Sketch for the vertical beam steering with a line
array of sub-arrays between the floor and ceiling, where k
denotes the vector of the desired wave front propagation.

In the underlying frequency domain model, these delays
can be modelled through the factors eiωτu .

The fact that the vertical beam steering is based on a
far-field assumption suggests that each sub-array should
be operated to control the horizontal beam pattern at its
own height, i.e., zC = zu, instead of at the observation
height zL. However, the beam pattern at the observation
height, zL, coming from the uth sub-array only resembles
the target pattern if the control height, zC , is equal to
zL. To answer the question which is the better solution
goes beyond the scope of this work, but it is certainly an
important question and will be investigated in the future.

It is important to keep in mind that, in the far field,
this type of beam steering yields an apparent beam
origin that lies in the centre of the aperture, z = ζ

2 .
To move the apparent origin of the beam to a target
origin, zB, one must reduce the active vertical aperture
to the largest possible contiguous subset of sub-arrays
that is centred around zB. This can be achieved by

weighting all loudspeaker signals in the uth sub-array
with the same additional gain factor gu, which can be
either set to one to activate or to zero to deactivate
the sub-array. To determine the elements of the vector
g = (g1, . . . , gU )T that activate or deactivate the sub-
arrays to yield a given target origin, zB, Algorithm 1
is proposed. The driving functions can then be altered

Algorithm 1 Aperture Selection Algorithm

D = min[zB , ζ − zB ]
if |zu − zB | ≤ D then
gu = 1

else
gu = 0

end if

to include the aperture selection measure by multiplying
them accordingly with the new gain factors, gu. To reduce
the effects of the discontinuity towards the end of the
aperture, the elements of g can also be further refined
by weighting the ‘active’ part of the vector with a Hann
window (or similar).

The principle of the aperture selection mechanism is
illustrated in Fig. 5. Since the beam origin coincides

zB

zB
zB

zB
zB

ζ

Figure 5: Illustration of the aperture selection mechanism,
black: active sub-array, grey: inactive sub-array.

with the centre of the vertically active aperture, it can
be said that the full vertical aperture can be used for
zB = ζ/2, while only a single sub-array can be used for
zB ≤ z1 and zB ≥ zU .

Now, an expression for the driving functions can be
formulated.

Driving functions for horizontal and verti-
cal beam control
For reasons of brevity, the full derivation of the driving
functions is omitted in this work. Following similar steps
to those shown in [11] and adding the factors for the
vertical beam steering yields the final expression for the
driving functions

ql,u = gue
iωτu

N ′∑

n=0

fn(φB)

ΓΨ
n (rL, zu, zu)

Φn(φl) . (6)

Particularly at low frequencies, a Tikhonov regularisation
[13] of the expression in Eq. (6) may be necessary to
protect the drivers from electrical overloading. Without
regularisation, the large magnitude of the reciprocal of
ΓΨ
n (rL, zu, zu) would lead to extremely high gains for the

signals at the corresponding loudspeaker [14].
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At this point, all the tools needed for beamforming with
wedge arrays are developed. The next step is to use them
for the creation of virtual sources around a listener located
at rL = (rL, φL, zL)T .

Virtual sources through beamform-
ing with wedge arrays

General system layout
For the proposed 3D audio system, two arrangements
are considered: a system with one hemi-cylindrical array
(see Fig. 6a) and a system with two quadrant arrays (see
Fig. 6b). System A is the least space-consuming option,

(a) System A: Single hemi-cylindrical array

(b) System B: Two quadrant arrays

Figure 6: Arrangements for 3D audio systems

whereas System B may be more applicable when combined
with a TV or projector.

Horizontal steering mechanisms
Both systems can use either direct beams steered towards
the listener or exploit reflections off the walls, floor and
ceiling to enables the creation of virtual sources for a range
of discrete sources around the listener. The possible angles
that require a beam reflection for a given setup, room and
listener position can be obtained from the mirror source
method [15].

Figure 7 shows a sketch of possible target source angles in
the horizontal plane for both systems. Either system can
create two lateral sources slightly in front of the listener,
and and two sources behind the listener. Using standard
stereo panning mechanisms, phantom sources can also
be created in between the pair in the front and also in
between the pair in the back.

Much more interesting than the horizontal steering
mechanism is the one for virtual sources outside of the

Figure 7: Principle behind the creation of the basic horizontal
target source angles for System A (left) and System B (right),
where blue indicates a beam path for a source in the front and
orange for a source in the back.

horizontal plane that can be applied with both systems
and is developed in the following.

Vertical steering mechanisms
Due to the extent of the vertical aperture, some elevation
angles can be reproduced as a direct beam from the
system. For even more extreme elevation angles, it is
necessary to use a first order beam-reflection mechanism
involving either the floor or the ceiling, depending on the
chosen angle. Both cases are depicted in Fig. 8.

zB

rS

listener

zL
rL

ζ

Figure 8: Principle of the two basic steering mechanisms,
where blue indicates a positive and orange a negative target
source angle.

Let αL be the desired elevation angle at the listener
position. Figure 9 provides a sketch for the geometry
involved in the two vertical steering mechanisms. In

rS

zB

zB

rR

αL

rD

αL

rD

ceiling

floor

listener

ceiling

listener

floor

zL

zL

αB

αB

Figure 9: Various quantities involved in the vertical beam
steering mechanism, the loudspeaker symbol indicates the
beam origin.

case of the direct beam mechanism, the equation to
determine the required height of the beam origin, zB,
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is given through

zB = zL + rD tanαL, (7)

where rD = rL − rS . The steering angle on the vertical
aperture, αB , is then equal to −αL.

The beam-reflection mechanism is slightly more com-
plicated. First, it is necessary to distinguish between
sources above the horizontal plane (αL > 0) and below
(αL < 0). Through trigonometry, the following results for
the required parameters can be obtained:

• αL > 0:

rR = rD −
ζ − zL
tanαL

, (8)

zB = ζ − rR tanαL, (9)

• αL < 0:

rR = rD +
zL

tanαL
, (10)

zB = rR tan(−αL). (11)

In both cases, it holds that αB = αL.

At this point, both the direct beam mechanism and
the beam-reflection mechanism are mathematically fully
described. Before this can be used, it is necessary to
determine when to choose which mechanism.

Transition between the vertical steering
mechanisms
The vertical steering involves a transition between the
direct beam and the beam-reflection mechanism. The
target angles, αL, at which this transition occurs are
given through

αL,T+ = tan−1

(
ζ − zL
rD

)
, and (12)

αL,T− = tan−1

(−zL
rD

)
, (13)

which can be obtained from trigonometry. Around these
angles, the smallest number of sub-arrays will be active,
due to the aperture selection algorithm. This should thus
lead to a good virtual source performance of the system,
as the selected sub-array becomes the virtual source.

Maximum and minimum vertical source
angles
The theoretical maximum and minimum elevation angles
for virtual sources created with the beam-reflection
method are given through

αL,max = tan−1

(
2ζ − zL
rD

)
, and (14)

αL,min = tan−1

(
−ζ + zL

rD

)
. (15)

However, at these extreme angles, it must be expected
that the performance drops significantly, simply because

zB = 0 and zB = ζ, respectively. The aperture selection
algorithm suggests that with these parameters, only the
lowest or the highest sub-array, respectively, will be active.
That means that no vertical beam steering is possible, so
that, for the listener, the apparent source will be located
at the lowest or highest sub-array, respectively. This is
confirmed through the simulation results presented in the
next section.

With all the mechanisms for virtual source placement
developed, the sound field model can now be used to
calculate the pressure field and the velocity field at the
listener position. The velocity can be calculated from
the pressure through Euler’s equation [7]. With both
quantities, it is possible to calculate the intensity field at
the listener position to analyse the system’s performance
and confirm the proposed technique.

Simulation Results
This section presents a selection of simulation results to
demonstrate the performance of the proposed system.
The focus lies on the vertical steering mechanism, which
describes the most novel component in this work.

All simulations are based on System A (the hemi-
cylindrical array), with (L,U) = (21, 41), rS = 15 cm
and ζ = 2 m. The listener position is (2.15 m, π2 , 1 m)T .
The angular maximum beam order is N ′ = L− 1. With
the vertical spacing of the sub-arrays, the spatial aliasing
frequency of the vertical aperture is fA,z = Uc

2ζ ≈ 3.5 kHz.
This value corresponds directly with the Nyquist Sampling
Theorem. The horizontal spacing yields a spatial aliasing
frequency of the horizontal aperture of fA,φ = N ′πc

2πκrS
≈

7.278 kHz [6].

Vertical Beam Steering
The vertical beam steering performance is analysed on the
basis of the intensity vector at the listener position, rL.
Figure 10 shows a sketch defining the angle θL between
the intensity vector, I, and the horizontal plane, z = zL,
at the listener position. Assuming that I has a radial, an

horizontal
plane

I

θL

listener’s

head

Figure 10: Definition of the intensity’s angle with respect to
the horizontal plane.

angular and a vertical component, i.e., I = (Ir, Iφ, Iz)
T ,

the angle θL is defined as

θL = − tan−1

(
Iz
Ir

)
. (16)

It shall be assumed that a good similarity between
the target source angle, αL, and θL implies that the
perception of the corresponding virtual source can be
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Figure 11: (top) Magnitude of I(rL) and (bottom) θL for
the steering angles αL ∈ [αL,min, αL,max], L = 21, U = 41,
f = 4 kHz.

achieved. This makes the similarity of the two quantities
the quality measure of the approach.

Figure 11 depicts the simulation results of both the
magnitude of I and θL at the listener position rL for
f = 4 kHz. It can be observed that the magnitude
decreases significantly around αL,T− and αL,T+, where
the transition between the direct beam method and the
reflection beam method occurs. It also decreases towards
the edges of the possible range of angles. In both cases,
the explanation is the same: At or around these angles,
the aperture selection algorithm can only activate a small
number (if not only one) of the sub-arrays. Without a
gain compensation to make up for the smaller number
of drivers, it is not surprising that the intensity has a
reduced magnitude.

The development of the angle θL as a function of αL
is shown at the bottom of the figure. It can be seen
that the match between the system performance (blue)
and the ideal performance (orange) is largely at most
a few degrees apart, which suggests a decent system
performance across a large range of virtual source angles.
As it was postulated earlier, when the system reaches
the edges of its vertical steering range, αL,min and
αL,max, the value of θL suddenly changes sign and the
system performance collapses. This is due to the poor
vertical beamforming performance which results from the
inevitably small number of sub-arrays selected by the
aperture selection algorithm.

The result for the same scenario covering the frequency
range from 1 kHz to 10 kHz is shown in Fig. 12. As it
can be expected, the magnitude plummets around the

Figure 12: (top) Magnitude and (bottom) angle θL of
the intensity for the steering angles αL ∈ [αL,min, αL,max],
f =1 kHz to 10 kHz, L = 21, U = 41.

transition angles and towards the edges of the possible
range. This is in accordance with the previous result. It
can be seen that the magnitude overall is highest between
αL,T− and αL,T−. Between 5 kHz to 7 kHz it can be
observed that the angles falling into the range of the beam
reflection method are significantly more attenuated than
those falling into the range of the direct beam method.

The results for θL show largely a clear trend that confirms
the expected performance of the method, apart from the
sudden change of sign towards the end of the possible
range (see above). Beyond f = 7 kHz, the system
performance is clearly affected by spatial aliasing of
the horizontal aperture, with very distinct artefacts (i.e.
change of sign) around the transition angles.

It is interesting that there appears to be no onset of an
effect due to spatial aliasing from the finite number of
sub-arrays on the vertical aperture (≈ 3.5 kHz). This may
be explained by the fact, that aliasing typically first shows
as a change in the side lobe structure, with the main lobe
remaining typically unaffected until a significantly higher
frequency. However, at this point this is only speculation
and requires further research work.

Horizontal Beam Steering
The horizontal virtual source control depends (almost)
exclusively on reflecting a beam off the walls. A thorough
modelling of that scenario is computationally considerably
more expensive than calculating the beam pattern before
the point of reflection. Therefore, it shall be simply
assumed that the reflected beam would be merely a
mirrored continuation of the beam observed before the
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point of reflection.

Figure 13 shows an example of the pressure field of a
typical radiation pattern from a wedge array. In this case,

Figure 13: Radiated pressure beam pattern at r = rL, φB =
45◦, f = 5 kHz.

the target height control parameter, zC , of ΓΨ
n (r, zC , zu)

in Eq. (6) was chosen as zC = zL instead of zC = zu. As
previously discussed, with this parameter choice, all the
sub-arrays synthesise the horizontal target beam pattern
(within good approximation) at the target height zL =
1.2 m. Consequentially, the coherent superposition of the
individual sub-arrays’ contributions yields the most stable
beam pattern at rL. It can be seen that the main lobe
is significantly higher than the side lobes, which suggests
that the system is likely to have a high directivity index
[16]. A high directivity index is desirable as it implies
that the main bulk of the acoustic energy is radiated in
the direction of the beam. If that is given, then one can
assume that a reflection off the wall would mainly be
the mirrored continuation of the radiated beam, which is
desirable for a good system performance.

Summary
A novel concept for a 3D audio reproduction system
based on wedge arrays was presented. Unlike with
line or cylindrical/spherical arrays, the analytical model
for wedge arrays accounts for the reflections from the
wall/corner, and the floor and the ceiling. Loudspeaker
driving functions were developed to enable horizontal
and vertical beamforming control for the special layout
and acoustical behaviour of wedge-arrays. An aperture
selection algorithm was proposed that enables to drive the
wedge array in such away that the apparent beam origin
can be shifted along the vertical extent of the aperture.
Two system arrangements based on wedge-arrays were
proposed that can implement a 3D audio reproduction
system, using the beamforming possibilities provided by
the wedge array.

A vertical beam steering strategy was developed to enable
the creation of virtual sources with certain elevation angles
with respect to the listener position. It was shown that two
beam steering methods need to be combined to cover the
largest possible range of elevation angles. One is based on

a direct beam steered towards the listener at an angle, the
other relies on the reflection off the floor or ceiling. Both
must exploit the system’s ability to shift the apparent
beam origin along the vertical aperture of the wedge
array. An initial simulation study of the intensity at the
listener’s position confirmed the theoretically predicted
system behaviour. It was shown that the angle of the
intensity vector has good similarity with a given desired
virtual source angle across a wide range of angles and
frequencies.

Along the horizontal domain, virtual sources can be
created by exploiting the reflection of laterally steered
beams off the walls of the reproduction room. This
effectively creates virtual sources at various angles around
the listener position. These can then be combined to
create phantom sources. On that regard, the proposed
system is very similar to the Yamaha YSP-5600 sound
bar.

The simulation results of the expected overall system
performance suggest that the proposed system has
potential that is worth exploring further. More work
is required to investigate the effective horizontal beam
steering performance of the proposed systems in a room.
It also needs to be better understood why the vertical
beam steering mechanisms were not showing effects of
spatial aliasing originating from the discretisation of the
vertical aperture. Furthermore, the simulated system
assumes a very high number of loudspeakers. While this
may be impractical with current transducer technology,
advances in MEMS transducers and relatively cheap DSP
power may provide options to create such a system for
the consumer market in the future.
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Appendix A: Derivation of the
transfer function
The expression for the pressure inside the propagation
space for a given velocity profile on the baffle is given
by a series expansion (see [6]) of angular and axial
basis functions, Φn(φ) and Zm(z), and radial functions,
Γn(kmr , r), yielding

p(r, φ, z) =

∞∑

n=0

∞∑

m=0

Φn(φ)Zm(z) Γn(kmr , r)V
m
n (rS) , (17)

Φn(φ) =
√

(2− δn)/κ cos
(nπ
κ
φ
)
, (18)

Zm(z) =
√

(2− δm)/ζ cos

(
mπ

ζ
z

)
, (19)

Γn(kmr , r) =iρ0ck
Hnπ

κ
(kmr r)

kmr H
′
nπ
κ

(kmr rs)
, (20)

kmr =

√
k2 −

(
mπ

ζ

)2

, (21)
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where k denotes the acoustic wave number, δn and δm
denote the Kronecker delta andHnπ

κ
(·) denotes the Hankel

function of the first kind. The velocity profile of the
loudspeaker array can be represented by the coefficients

V mn (rS) = V m,Dn

L∑

l=1

U∑

u=1

Φn(φl)Zm(zu) ql,u. (22)

The coefficients V m,Dn describe the diaphragm of the
loudspeakers. For a point source, they would all be
chosen to 1. Using the for V mn (rS) in Eq. (17) yields
the expression

p(r, φ, z) =

L∑

l=1

U∑

u=1

G(r, φ, z|zl, zu)ql,u, (23)

with

G(r, φ, z|φl, zu) =

∞∑

n=0

Φn(φ) Φn(φl) ΓΨ
n (r, z, zu), (24)

ΓΨ
n (r, z, zu) =

∞∑

m=0

Zm(z)Zm(zu) Γn(kmr , r)V
m,D
n .

(25)

This final form of the transfer function G now focuses the
modal nature of the series expansion in (17) into a single
quantity.
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Abstract

The emerging audio formats for 3D rendering use several rendering methods and are dedicated for playback on various
loudspeaker layouts defined by the ”Recommendation ITU-R BS.2051“. The aim of this work is to investigate the
perceptual properties when rendering point sources, with regard to extent, change in colouration, and continuity of
moving sources. The question is how to mathematically find differences within several rendering methods and to prove
with listening experiments whether these are audible. The material for the listening experiments should consist of
well-comparable spatial audio scenes. The listening experiments of this work focus on two exemplary layouts that are
likely to become standard in broadcasting and storage. Also further potential optimization of the AllRAD approach
and other novel rendering functionalities are investigated in this work.

Introduction
Audio Definition Model. A new standard by the
Radiocommunication Sector of the ITU [1], called Audio
Definition Model, was published in 2015 and specifies how
to store and broadcast spatial audio content. Along with
the audio data, it contains meta data such as position,
extent, or diffuseness for every virtual sound source. It
hereby allows to store content independently of the audio
and rendering system. It also causes the need for any
renderer to be capable of rendering this information to
standard loudspeaker layouts. This paper presents several
common rendering methods and a perceptual evaluation
of basic performance measures in listening experiments.

ITU Standard Loudspeaker Layouts. In general,
ADM should allow rendering on any loudspeaker layout.
Nevertheless, reproducible configurations are required and
defined by ITU’s eight standard loudspeaker layouts [1].
They contain standard two-channel stereophony 0+2+0
(A), standard 5.1 or 5.0 as 0+5+0 (B), and the layouts
2+5+0 (C), 4+5+0 (D) that are extensions of the 5.0
layout by additional height loudspeakers. The layout
4+5+1 (E) is moreover extended by an additional floor
loudspeaker in front. 3+7+0 (F) and 4+9+0 (G) are
a bit more uniformly spaced, and 9+10+3 (H) denotes
the standard 22.0 layout. Any ADM-capable rendering
methods should at least be able to render audio to every
of those eight layouts. For exact coordinates cf. [1].

Rendering Methods
Point source rendering in 3D by amplitude panning is
achievable in multiple ways. A selection of common
fundamental methods is explained and evaluated, here.

VBAP. The most common and most cited panning
method for multiple loudspeakers is Vector Base Ampli-
tude Panning (VBAP), cf. [2]. The three-dimensional
repdoduction of a sound source is achieved in terms of an
amplitude-panned phantom source within a loudspeaker

triangle. A decomposition of all vertices of the loudspeaker
layout into triangles is typically achieved by a convex hull
algorithm [3]. Within the triangulation of this hull, the
triangle is activated that allows rendering of the virtual
source with all-positive gains.

Optimized VBAP with downmix. Amplitude pan-
ning methods, such as VBAP, usually rely on the
decomposition of the loudspeaker vertices into a convex
hull. At positions with small loudspeaker densities, the
triangulation can lead to nearly coplanar triangles (typical
for the top layer in 2+X+X and 4+X+X). Moreover,
angular distances greater than 90◦ can deliver unstable
results (between the rear loudspeakers in X+5+X), or
negative gains and numerical instability for angular
distances close to 180◦ or more.

Coplanar triangles can yield perceptual impairment with
regard to loudness, location, colouration, and extent.
The insertion of imaginary loudspeakers within coplanar
triangles can solve this problem. The signals of the
imaginary loudspeakers are then downmixed (distributed)
to the neighbouring real loudspeakers. An approach
for imaginary loudspeaker insertion and downmixing is
presented in [4], symbolized as ”TMT” later on.

Ambisonics: AllRAD. A robust solution for Am-
bisonic decoding is published in [5], called the All-round
Ambisonics Decoder. This approach is based on a
combination of Ambisonics and VBAP . In a first step the
direction-continuous Ambisonic image of a sound source
is optimally sampled at high resolution, e.g. the 5200
sample points of a virtual t-design loudspeaker layout.
Thereafter the signals virtual loudspeakers is rendered on
the real loudspeakers by optimized VBAP with downmix.

Compared to the optimized VBAP and downmix ap-
proach, Ambisonics is of strictly limited resolution.
Therefore it distributes the signal to the loudspeakers
at a more or less uniform spreading, without the ability
of activating single loudspeakers only.
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L1 Norm Rendering. Another possible solution for
amplitude panning is to solve the L1-norm optimization
problem, as outlined in [6]. In general, considering
amplitude panning as a global optimization problem,
the optimizer generates the gain vector without any
explicit loudspeaker selection step. Subset selection is
achieved implicitly by the sparsity-enforcing L1-norm
optimization under a non-negativity constraint. The L1
and VBAP solutions are equal if there are no close-to-
coplanar triangles.

As a disadvantage of this solution, one has to be aware
that L1-norm optimization may not be useful in real-time
computation. It is worth to pre-compute a gain matrix
with all panning directions and store it in memory.

BBC Rendering System. The performance evalua-
tion in this paper also involves the BBC Baseline renderer.
Despite the internals of this renderer are not disclosed
here, its gain matrix as a black-box result was used.

DBAP. Another panning method that is fundamentally
different to the rest is Distance-based amplitude panning
(DBAP) cf. [7]. DBAP does not assume a specific layout
of the speaker array, and the position of the listener and
is quite flexible.

Basically DBAP computes the gains by the reciprocal
distance of the virtual source to all loudspeakers, up to a
given roll-off factor. Here, this roll off was 20 dB.

Unified Implementation
The gains resulting from the different rendering methods
were sampled in terms of the panning direction. One
degree resolution was considered to be fine enough to
account for the smallest (frontal) JND of directional
hearing [8]. By this, we obtain the matrix

G
(i)
l =




g
(i)
l (−180◦, 90◦) . . . g

(i)
l (180◦, 90◦)

...
. . .

...

g
(i)
l (−180◦, 0◦) . . . g

(i)
l (180◦, 0◦)


 (1)

for each renderer i, containing lth loudspeaker’s gain for
any pair of panning coordinates (azimuth and elevation).
This pre-calculated matrix is stored in memory and used
to perform the subsequent evaluation. We moreover nor-
malized each gain to achieve panning-invariant loudness,

g
(i)
l (ϕ, ϑ)← g

(i)
l (ϕ, ϑ)√∑
l[g

(i)
l (ϕ, ϑ)]2

. (2)

Technical analysis of differences. To give a map of
the differences between the different renderers, we define
a median gain

g
(med)
l (ϕ, ϑ) = median

i
g
(i)
l (ϕ, ϑ) (3)

for any panning direction and loudspeaker. This allows us
to plot the root-mean-square deviation of all N renderers
to a median renderer

σ(ϕ, ϑ) =
1

N

√√√√
N∑

i=1

L∑

l=1

[
g
(i)
l (ϕ, ϑ)− g(med)

l (ϕ, ϑ)
]2

. (4)

For the N renderers under test, we end up with the plot
of σ presented in Fig. 1 for layout 4+5+0 and Fig. 2 for
layout 3+7+0.

Figure 1: Renderer differences for layout 4+5+0
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Figure 2: Renderer differences for layout 3+7+0

The red and green areas indicate panning directions
with the greatest differences, whereas blue areas indicate
small differences. The perceptual evaluation focuses on
static and dynamic panning through areas of substantial
difference.

Perceptual Evaluation
Important perceptual qualities such as colouration, extent
and continuity of moving sources are best studied based
on listening experiments. The experiments below deal
with the 6 above-mentioned rendering methods applied
on the 4+5+0 and 3+7+0 loudspeaker layouts.

For the experiment we used 16 Genelec 8020 Loudspeakers
driven by a RME ADI-648 connected to Behringer
Ultragain ADAT interfaces.

All loudspeakers were positioned as close to the standart
layouts as possible on the rail system that can be seen left
in Fig. 3, gain and time aligned to 1 sample precision and
equalized with parametric filters (left and right height
speakers required to do so).

The participants were sitting in the sweet spot and were
surrounded by an acoustically transparent curtain to
avoid bias by seeing the loudspeaker arrays (Fig.3, right).

Figure 3: Listening experiment setup at the ”Experimental-
studio” at IEM.
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(a) Extent (medians and 95%-confidence intervals) for panning to front, top, and rear separately and altogether.
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(b) Colouration (medians and 95%-confidence intervals) for frontal-vertical, circular, left-vertical trajectories separetely and altogether.
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(c) Continuity (medians and 95%-confidence intervals) for frontal-vertical, circular, and rear-vertical trajectories seperately and altogether.

Figure 4: Results of the listening experiments comparing different renderers on 4+5+0 (circles) and 3+7+0 (black squares).

Listeners were sitting in front of small desk where a PC
mouse and monitor were positioned. The user interface
contains 12 sliders and buttons to select and rate the
renderers and layouts (6 renderers × 2 layouts). Colours
of the GUI were chosen black with white letters to produce
as little light distraction as possible. For each trial and
participant, the 12 stimuli were presented in an individual
random order. A participant could switch, sort, and rate
the presented stimuli at will to give satisfactory ratings.

Three experiments were defined (extent, colouration,
continuity), each containing three directions/trajectories.
One experiment took about 25 min; most participants
took breaks between them. The stimuli (dynamic/static)
are live-rendered by a pure-data (Pd) patch reading and
interpolating the pre-calculated gain matrices (interpo-
lation 10ms). This unified way of rendering keeps the
computational load independent of renderer and layout.

18 experiences listeners took part, most of whom being
students at the university and employees of IEM; two
inexperienced listeners also took part.

Extent
A static pink noise sound is positioned in front (ϕ = 0◦

and ϑ = 0◦), rear (ϕ = 180◦ and ϑ = 15◦) and the top
(ϕ = 0◦ and ϑ = 90◦) direction.

Participants were asked to compare the perceived size
of the sound sources and to give +100 points if a
source appears as widest source, −100 points if a source
appears as narrowest source and to rank other sounds
proportionally along the given scale.

Extent Ratings. The first plot in Fig. 4a shows the
extent rating for panning to the front. incontinbi)
obviously produces the widest perceived extent on layout
4+5+0 and a bit narrower one for the 3+7+0 layout.
Renderers 2-5 have been perceived narrowest for both
layouts. In between we find the DBAP rendering method
with no differences between the layouts.

The second plot in Fig. 4a the extent rating for panning
to the top. DBAP produces the widest perceived sources
for the 3+7+0 layout. Renderers 1-5 produce narrower
sources than DBAP for 3+7+0. For the 4+5+0 layout,
the extent was narrower than for the 3+7+0 layout for
renderers 1-5 but not significantly different.

For panning to the rear, third plot in Fig. 4a shows the
extent ratings. It is remarkable that here the variance is
much larger than for other directions. VBAP and DBAP
produce the largest extent on the 4+5+0 layout. Renderes
2-5 produces the narrowest sources on the 3+7+0 layout.
In between, we find the Ambi renderer with no significant
differences between the layouts. The BBC, TMT and
VBAP renderers produce a largely different extent on
both layouts.

In the overall comparison, the fourth plot in Fig. 4a,
Ambi produces the widest extent followed by DBAP, at
no significant difference. Renderers 2-5 differ significantly
from the other Ambi and DBAP but are of similar
extent among each other. Tendentially all renderers
produce narrower sources on the 3+7+0 layout but not
significantly so.
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Colouration
The colouration experiment employed a pink noise sound
moving along the trajectories shown in Fig. 5. The orange
points represent the front trajectory, green represents the
side trajectory, and blue the circular trajectory. The
back-and-forth and circular motion trajectories took 2s.
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Figure 5: Trajectories in front (orange), right (green) and
circular (blue) colouration listening experiment.

Participants were asked to compare the amount of timbral
fluctuation in the moving sounds, to give 0 points if there
is no change in timbre, 100 points for the sound with
the greatest timbral variation, and rank the other sounds
proportionally along the given scale. A static reference
sound was given as an example of neutral colouration.

Colouration ratings. The first plot in Fig. 4b shows
the colouration ratings for the front trajectory. Ambi
rendering distinctly performs best. The renderers 2-5
seem to exhibit quite pronounced colouration fluctuations
for the 3+7+0 layout and distinctly less on the 4+5+0
layout. For the front trajectory, differences between the
loudspeaker layouts are significant, with the 4+5+0 layout
introducing less colouration all renderers except Ambi.

The second plot on Fig. 4b represents the results of the
colouration experiment for the circular trajectory. One
can observe that DBAP performs best followed by Ambi.
The other renderers perform worse. In general, results
show that there is less colouration fluctuation on layout
4+5+0 compared to 3+7+0 but not significantly so.

For the right side trajectory, ratings are shown in
the third plot in Fig. 4b. DBAP produces the least,
but slight colouration fluctuations on both layouts.
Ambi introduces more noticeable changes for 4+5+0
and definitely noticeable ones for the 3+7+0 layout.
Again, the other renderers perform similarly and yield
pronounced colouration fluctuations. The BBC rendering
method yields very pronounced fluctuations for the 4+5+0
layout and pronounced ones for 3+7+0. The colouration
of renderers 3-6 are not significantly different for the two
loudspeaker layouts.

The fourth plot on Fig. 4b shows the overall colouration
rating. Renderers 2-5 yield have pronounced colouration
during rendering with no significant differences between
the layouts 4+5+0 and 3+7+0. DBAP and Ambi
introduce less pronounced colouration that range between
slight (Ambi on 4+5+0, DBAP on both layouts) and
noticeable (Ambi on 3+7+0).

Continuity
To investigate the performance on continuity, a pink noise
sound is moving along two trajectories upwards from the
horizon and along a circle around the listener as shown
in Fig. 6. The trajectories took about 4s; front and rear
trajectories were automatically re-started.
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Figure 6: Trajectories in front (orange), rear (green) and
circular (blue) continuity listening experiment.

For one trajectory per multi-stimulus trial, participants
were asked to rate if the reproduced source appears to
move continuously. They were asked to compare the
amount of continuity between the moving sound sources
and give 100 points if the source does appear to move
perfectly continuous and smooth, 0 points for the sources
with the worst continuous (unsteady) movement and rank
other sounds proportionally along the given scale.

Continuity ratings. The first plot in Fig. 4c shows the
continuity ratings for the front trajectory. DBAP yields
the motion perceived as least (strongly not) continuous
for both layouts. The coplanar top triangles of 4+5+0
cause the clear incontinuity of VBAP. With this exception,
renderers 1-5 produce noticeable unsteadiness on the
3+7+0 layouts and slight unsteadiness on the 4+5+0
layout, however without significant distinction. It seems
that except VBAP all renderers perform better on the
4+5+0 layout for the front trajectory.

The second plot in Fig. 4c shows the continuity ratings
for the circular trajectory. Ambi produces a perfectly
continuous circular trajectory on the 3+7+0 layout and
a significantly different slightly unsteady one for 4+5+0;
moreover the continuity of Ambi for circular motion
outperforms the other renderers significantly. Renderers
2-6 produce noticeable incontinuous motion for both
layouts, with ratings for DBAP largely spread for 4+5+0:
participants reported the difficulty of rating the continuity
of motion that does not seem to move at all.

The third plot in Fig. 4c shows continuity for the rear
trajectory. Again, DBAP produces pronounced strongly
incontinuous motion on both layouts with a significant
difference to the other renderers. DBAP is followed by
Ambi on the 4+5+0 layout. Renderers 2-5 produce
noticeable incontinuous motion on both layouts, and
ratings for renderers 1-5 are not significantly different.

Overall, DBAP introduces the largest incontinuity in
trajectories, see fourth plot in Fig. 4c. Ambi seems to
perform best, but is overall not significantly different to
renderers 2-4 on both layouts. The VBAP renderer tends
to perform worse on the 4+5+0 layout.
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Conclusion
VBAP, optimized VBAP with imaginary loudspeaker
insertion and downmix (TMT), the L1 approach, and
the BBC renderer yield the narrowest extent for rendered
sounds and tend to behave similarly. They are related to
the same kind of solution implying the use of the tightest-
possible loudspeaker subset. Such loudspeaker-subset-
related methods yields the narrowest extent compared to
Ambisonics and DBAP as a benefit.

By contrast, Ambisonics yields slightly better continuity
for moving sounds compared to the rest, and it is distinctly
outperforms other renderers when presenting a circular
motion, by nature, as the assumption of a limited angular
resolution yields a relatively constant extent. The problem
of coplanar triangles of VBAP are solved by the BBC,
TMT, and L1 methods (see vertical frontal trajectory).

DBAP produces the least colouration fluctuation with
moving sounds in the trajectories of the experiment,
however, it also maps continuous motion the worst.
In colouration fluctuation, it is only competing with
Ambisonics, while the loudspeaker-subset-related methods
introduce pronounced colouration changes.

In this way, we could clarify and show the distinct
advantages and disadvantages that one gets with the most
common amplitude-panning methods for surround with
height, on the example of the ITU 4+5+0 and 3+7+0
loudspeaker layouts.

Moreover, we could present a collection of methods to
efficiently analyse surround with height point source
rendering methods on different loudspeaker layouts. With
the settings and trajectories for the listening experiments,
relatively clear and effective statements can be made
about which features (extent, coloration, continuity) are
best represented by which rendering method.
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[5] Zotter F. and Frank M., “All-Round Ambisonic
Panning and Decoding,” J. Audio Eng. Soc., vol. 60,
no. 10, pp. 807-820, 2012.

[6] Franck A., Wang W., and Fazi F.M., ”Sparse, l1-
Optimal Multi-Loudspeaker Panning and its Relation
to Vector Base Amplitude Panning” in IEEE/ACM
Transactions on Audio, Speech, and Language
Processing PP(99):1-1 · February 2017

[7] Lossius, T., Baltazar, P., and de la Hogue, T., “DBAP
- Distance-based amplitude panning“ Proceedings of
the 2009 International Computer Music Conference.
2009, S. 489–492.

[8] David, R., Perrott, D.R., and Saberi, K., “Minimum
audible angle thresholds for sources varying in both
elevation and azimuth,” The Journal of the Acoustical
Society of America, 1990.

Loudspeaker Applications Romanov et al.

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

47



Prediction of the listening area based on the energy vector

E. Kurz1, M. Frank2
1 University of Music and Performing Arts, Graz, Austria, Email: erickurz1288@gmail.com

2 Institute of Electronic Music and Acoustic, Graz, Austria, Email: frank@iem.at

Abstract

For some time, Higher-Order Ambisonics is a research topic in reproducing three-dimensional sound fields. Among
others objectives, research aims at sound field reproduction over a large listening area. For predicting the spatial
quality of reproduced sound the so-called energy vector (rE-vector) is a commonly used tool. At the central listening
position, the energy vector provides good results for predicting position and width of a phantom sources. However,
at off-center listening positions, the performance of the classic energy vector becomes worse. This paper compares
different extensions of the energy vector model. The extensions try to include time and level differences, as well as the
precedence effect in dependence of the listening position. Simulations investigate the existing loudspeaker arrangement
IEM CUBE for Ambisonic playback of up to 5th order and calculate the extended energy vectors for discrete points
within the whole listening area. The resulting localization accuracy at these points can be summarized to predict areas
with sufficient localization accuracy.

Introduction
Higher-Order Ambisonics (HOA) can be seen as physical
sound field reproduction method, where physically accu-
rate playback with practical numbers of loudspeakers
can only be achieved within small listening areas [1].
The alternative interpretation as amplitude-panning
method makes use of the perceptual aspects of summing
localization of auditory events [2]. Listening experi-
ments showed that the size of the listening area for
plausible localization covers most of the area within the
loudspeaker arrangement [3, 4, 5, 6]. However, such
listening experiments are very time-consuming, especially
when investigating the influence of multiple playback
parameters, such as Ambisonic order and weighting. For
this reason, it is desirable to have a technical tool that
can predict the listening area and thus can help to plan
loudspeaker systems for new venues.
M. Frank validated that the energy vector (rE) is useful
for the prediction of perceived localization and source
width of phantom sources at the central listing position
of an Ambisonics playback system [7, 8, 9]. To describe
the listening experience at off-center listening positions,
P. Stitt developed an extended rE-vector model and
confirmed it by listening experiments [10]. The extended
rE-vector considers the precedence effect and the ”Cone-
of-Confusion”. In order to also incorporate the spectral
influences of different signal types on localization, P. Stitt
introduced a blending parameter α. It blends between
the classic rE-vector model and the extended version.
Proceeding from previous works, this paper investigates
increasingly-complex extensions of the rE-vector model
and their performance for the prediction of localization
experiments [6, 4] in the IEM CUBE [11]. First, only
the damping of sound wave propagation is considered.
Then, time-dependent weights are incorporated. The
last step is a consideration of the precedence effect and
the introduction of a blending parameter α, similar to
P. Stitt’s work. The results of the extended models are
compared to the classic energy vector and the algorithm
from P. Stitt [10].

Energy Vector and its Extensions
The classic energy vector was introduced by M. Gerzon
as a simple predictor for localization of phantom sources
created by amplitude panning at higher frequencies [12].
In contrast to binaural models, such as the Jeffress
Model [13] or Dietz Model [14], the energy vector simply
employs the amplitude gains Gi and the unity vectors ui
into the direction of each loudspeaker i:

rE =

I∑
i=1

Gi
2ui

I∑
i=1

Gi
2

. (1)

The normalization limits its length ‖rE‖ between 0 (sound
equally from everywhere or from opposing directions) and
1 (sound from a single direction).
In order to model off-center listening positions, the
incorporation of damping, time dependency, and the
precedence effect is necessary. This can be done by
additional weighting of the gains Gi.

Damping
The dissipation of point-source like sound propagation
in air is modeled by a damping of −6 dB per distance
doubling. The distance dmin between the nearest
loudspeaker (1 to i) and the listening position is given by

dmin = min(‖u1...i‖). (2)

Normalization to the nearest loudspeaker results in the
additional damping weights wd,i for all loudspeakers

wd,i =
dmin
‖ui‖

(3)

that is multiplied with the corresponding loudspeaker
gain Gi when calculating the energy vector

rE =

I∑
i=1

(wd,iGi)
2ui

I∑
i=1

(wd,iGi)2
. (4)
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Time dependency
For taking into account that signals arriving with a
relative delay τi at the listening position are less important
for localization, time-dependent weights wτ,i can be
integrated in the energy vector. Incoming signals are
sorted by their time of arrival (T1 to Ti) at the listening
position in ascending order. The delay of the i-th signal
is given by

τi = Ti − T1 with T1, Ti in ms. (5)

The weights wτ,i can be calculated by multiplication
with a factor wτ = −0.25 dB/ms, known from the echo
threshold [15]

wτ,i = 10
wτ ·τi
20·1000 . (6)

Finally wτ,i are inserted in addition to the damping
weights wd,i

rE =

I∑
i=1

(wτ,iwd,iGi)
2ui

I∑
i=1

(wτ,iwd,iGi)2
. (7)

Precedence effect
A more sophisticated approach for taking into account a
time-dependent weighting of the incoming signals is the
integration of the precedence effect into the calculation of
the rE-vector. We can assume the incoming signals as an
impulse train where every impulse g(Ti) = Gi. Moreover,
we can define a masking function in time fmask(t), cf. fig. 1.
This function is divided in two parts: In the interval
from 0 ≤ t ≤ 1 ms fmask(t) increases from −60 to 0 dB.
Through this slope, summing localization in a short time
interval after an acoustic event can be modeled. The
second interval t > 1 ms models the echo threshold which
masks delayed acoustic events [16, 17]. fmask(t) decreases
with wτ = 0.25 db/ms

fmask(t) =

{
60 dB/ms, 0 ≤ t ≤ 1 ms

−0.25 dB/ms, t > 1 ms
. (8)
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Figure 1: Masking function fmask(t) between 0 and 50 ms.

To model the masking effect of every impulse, a con-
volution with the masking function and every impulse
is performed. The convolution results in a time-shifted
and scaled version of fmask(t). The resulting masking
function Fmask(t) can be obtained by superimposing all
fmask(t, i):

Fmask(t) = max(g(Ti) ∗ fmask(t)). (9)

If an impulse g(Ti) is below the threshold of Fmask(t)
the impulse is damped, otherwise g(Ti) is unaffected by
wthresh,i:

wthresh,i =





1, g(Ti) > Fmask(t)(
wd,iGi
Fmask(t)

)2
, g(Ti) < Fmask(t)

. (10)

The weights wd,i, wτ,i, and wthresh,i can be summarized
using the parameter α that blends between the classic
rE-vector (α = 1, with damping) and the extended one
(α = 0) depending on the audio signal, similar as in [10]

w̄i = ((1− α)wτ,iwthresh,i + α)wd,i (11)

resulting in the equation:

rE =

I∑
i=1

(w̄iGi)
2ui

I∑
i=1

(w̄iGi)2
(12)

Figure 2 shows the stepwise processing of an exemplary
impulse train according to the weights from eq. 12.

Stitt’s extended energy vector
A more elaborated extension of the rE-vector model
was presented by P. Stitt in his thesis [10]. The model
also incorporates the ”Cone-of-Confusion” in a way that
suppresses the precedence effect for directions with similar
inter-aural time differences. A summary of his algorithm
can be found in [18].

Overview and run time analysis
Table 1 gives an overview of the different algorithms for
the computation of the rE-vector and their runtime. The
classic energy vector (alg. 1), as well as the extensions with
damping and time-dependent weights (alg. 2, 3) nearly
need the same time for one computation. By contrast,
considering the precedence effect (alg. 4) increase the
runtime by a factor of 4. The same holds for P. Stitt’s
algorithm (alg. 5).

rE algorithm 1 2 3 4 5
Damping -

√ √ √ √

Time dependency - -
√ √ √

Precedence effect - - -
√ √

Cone-of-Confusion - - - -
√

Runtime in ms 0.20 0.23 0.22 0.79 0.81
rel. Runtime 1 1.11 1.08 3.85 3.97

Table 1: rE-algorithms 1 to 5 and (relative) runtimes for
computing one point in a simulation with 12 loudspeakers.
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Figure 2: Stepwise processing of an exemplary impulse train/weights for rE with extensions. From top left to bottom
right: loudspeaker gains Gi, influence of damping wd,iGi, wd,iGi with corresponding echo threshold Fmask(t) (gray), weighting
wthresh,iwd,iGi according to Fmask(t), time-dependent weighting wτ,iwthresh,iwd,iGi, blending between Gi and weighted Gi
with α = 0.5.

Adjustment of parameter α
As mentioned before, the blending parameter α from
eq. 11 and Stitt’s algorithm can be used to adjust the
vector model to the audio signal, as investigations in [25]
reveal a strong dependency on the spectral content and
duration of the signal. For example, α = 1 is more
suitable for stationary sounds without strong attacks as
it suppresses all time-dependent weightings. As a trade-
off, α can simply be set to 0.5. Alternatively, it can
be optimized in order to best fit the results of certain
localization experiments. Here, a non-linear optimization
is exemplarily performed to fit the dataset from [6]. This
listening experiment was conducted with the IEM CUBE,
a 10.3 m × 12 m × 4.8 m studio. For exact loudspeaker
positions and angles see [11]. For the prediction, we
only considered the lowest ring of 12 loudspeakers at
ear height, cf. fig. 5. Loudspeakers are modeled as
point sources with frequency-independent omnidirectional
directivity and free-field conditions. Ambisonic [19]
playback employs AllRAD [20] with orders 1, 2, 3, and
5. The decoder uses max-rE weighting [21] to achieve
good results for localization and coloration at off-center
listening positions [4, 7]. Furthermore, delay differences
due to different distances between loudspeakers and the
center of the array are not compensated. Stimulus of the
listening experiment was a section of EBU’s male English
speech reference recording [22] presented at 0◦ azimuth
and elevation, i.e. the loudspeaker at position [4.5, 0] m
in fig. 5.

The experiment resulted in size and shape of the listening
area Aexp for each Ambisonic order, cf. fig. 6 (b). In
the experiment, listeners where asked to approach each
loudspeaker from the center until the localization became
implausible. Plausibility was defined as localization stay-
ing in between the frontal loudspeaker triplet, resulting
in a maximum tolerable localization error θ of about 23◦.

Figure 3: Listening area error ‖χ(θ, α)‖ in dependency on
maximum localization error θ and parameter α for rE alg. 5.
‖χmin‖ with corresponding αrE(5) is marked for a θ = 23◦.
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Asim(θ, α) denotes the largest closed surface area with
localization errors ≤ θ for a blending parameter of α. The
norm of the listening area error ‖χ(θ, α)‖ is minimized to
find the optimum value for α and θ using rE algorithm 5

min(‖χ(θ, α)‖) = min(‖Aexp −Asim(θ, α)‖). (13)

Figure 3 shows ‖χ(θ, α)‖ in dependency on θ and α
exemplary for rE alg. 5 with a minimum for the maximum
tolerable localization error θ = 23◦ from the experiment.
This value for θ is also used in fig. 4 that compares
algorithms 4 and 5.
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αrE(5) = 0.76

|χ|min(5) = 10.13m2

Figure 4: Error rE alg. 4 and 5.

Obviously, the listening area error ‖χ‖(5)(α) is approx-
imately twice as high as ‖χ‖(4)(α) for transient stimuli
(α = 0). However, minimum listening area errors
‖χ‖min(4) and ‖χ‖min(5) are in the same value range.
The found values αrE(4) = 0.62 and αrE(5) = 0.76 are
used throughout the paper for further simulations.

Modeling of Experiment 1
Modeling of the results from [6] is performed with the
same simulation conditions that are used to determine an
optimal α. Figure 5 shows contour plots of the listening
area Asim for simulation with 1st, 2nd, 3rd, and 5th-
order Ambisonics for rE algorithms 2 to 4 ((a) to (c)).
Figure 6 (a) shows contour plots of Asim for rE alg. 5
as well as Aexp from the experimental results. Note that
the contour plot for rE alg. 1 is not shown, as the classic
algorithm cannot take different listening positions into
account at all.
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(b) rE algorithm 3
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(c) rE algorithm 4

Figure 5: Listening area Asim for simulation with 1st, 2nd,
3rd and 5th-order Ambisonics for rE algorithms 2 to 4 (top to
bottom) in the IEM CUBE.
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Comparison between the results of the simulation algo-
rithms yields similarities, especially for 5th order. For
this playback order, all algorithms predict a Asim which
spreads nearly to all loudspeakers. Aexp has similar
shape, but does not expand that much in the frontal
area. Lower orders of Ambisonics result in more differing
results for the algorithms. Consideration damping only
(rE alg. 2) results in an overestimation of the listening are
in comparison to Aexp, especially at lateral areas. Time-
dependent weighting (rE alg. 3) improves the quality
of estimation of Asim. For 1st-order playback Aexp is
underestimated, however results for 2nd and 3rd are better,
cf. fig. 5 (b). Algorithm 4 with including the precedence-
effect yields slightly better simulation results, cf. fig. 5 (c),
however lateral areas are underestimated. Especially side
areas of Asim for 1st-order playback are dented.
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Figure 6: Listening area Asim for simulation with 1st, 2nd,
3rd and 5th order of Ambisonics for rE algorithm 5 (top) as
well as Aexp of the listening experiment from [6] in the IEM
CUBE.

Computation of Asim using Stitt’s algorithm 5 yields
similar results to alg. 4 (cf. fig. 5 (c) and fig. 6 (a)). Still,
the listening area of 1st-order playback is not predicted
as good as for higher orders.

Modeling of Experiment 2
Another comparison is made with data from investigations
at off-center listening positions done by M. Frank [4].
Broadband pink noise bursts were presented over the
horizontal loudspeaker ring of the IEM CUBE within an
angular range of ±40◦. Playback directions were chosen
randomly. The listeners were asked to indicate localized
direction using a pointing device. Playback employed
Ambisonics with basic, max-rE and in-phase [23, 24]
weighting in- and excluding delay compensation to the
center. Further information about experimental setup and
method can be found in the paper [4]. Here, we focus on
the off-center listening position at [x, y] = [−0.23, 2.1] m.
For performance evaluation of the rE algorithms, the
simulations are compared to median localization errors θ
with 95% confidence intervals from the experiment.

Decoder order
The influence of the decoder order uses max-rE weighting
and no delay compensation to the center for all conditions
in the experiment as well as in the simulation.
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Figure 7: Localization error θ for rE alg. 1 to 5 and listening
experiment from [4] for different Ambisonics orders.

Figure 7 shows that localization errors are positive
(to the left), which is obvious for a listening position
left from the center. Localization error decreases with
the order. For higher orders, the rE predictions are
closer to the experimental median and yields smaller
confidence intervals. The classic rE alg. 1 performs worse.
It underestimates θ significantly for 1st and 3rd-order
playback. When including damping (rE alg. 2), prediction
of θ is better, especially for playback with 5th order.
Further consideration of time-dependent weights wτ,i (rE
alg. 3) can increase accuracy of the prediction for 3rd-
order playback. Algorithms 4 and 5 do not yield further
improvements.
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Order weighting

The influence of the order weighting employs 5th-order
playback at the off-center position with different weight-
ings and with/without delay compensation to the center.
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Figure 8: Localization error θ for rE alg. 1 to 5 and listening
experiment from [4] for different 5ht-order decoders with (d)
and without delay compensation.

Again, the classic rE alg. 1 cannot predict the differences
found in the experimental results and underestimates the
localization errors. Algorithm 2 (with damping) performs
better; most notably for playback with in-phase weighting.
Once more, the simple extension through time-dependent
weights (rE alg. 3) yields similar results as the more
complex alg. 4 and 5.
In general, rE alg. 2 to 5 can predict the large localization
errors of in-phase decoding. However, the differences
between basic and max-rE , as well as the influence of
the delay compensation cannot be predicted very well.
In the experiment, delay compensation was sometimes
reported to cause disturbing coloration. Furthermore,
source splitting that can occur for basic decoding at
off-center positions is not modeled, yet. However, the
localization errors of all 5th-order decoders except in-phase
seems to be small enough for plausible localization. It can
be assumed that the differences become more prominent
for listening positions further away from the center and
could than be predicted as well.

Conclusion
This paper compares four extensions of the classic energy
vector model. These extensions become more and more
elaborated starting from the consideration of damping
due to sound wave propagation in air (alg. 2) over the
incorporation of time-dependent weights (alg. 3) and the
precedence effect (alg. 4) to the ”Cone-of-Confusion” in
the model by P. Stitt (alg. 5 [10]). The blending parameter
α introduced in the latter model is also implemented

in alg. 4. It blends between the alg. 2 and all time-
dependent weights. With the experimental data from
listening experiments in [6], an optimal α = 0.62 for rE
alg. 4 and α = 0.76 for rE alg. 5 has been found. A
runtime analysis yields the fact that, in comparison to
the classic energy vector model, the alg. 4 and 5 take
approximately four times longer for computation. In
comparison, the additional computational cost of the
extension in alg. 2 and 3 are negligible.
Prediction of experimentally determined listening area
sizes from the listening experiment in [6] show that rE
alg. 2 already yields to proper results. Including time-
dependent weighting as in alg. 3 improves the prediction
at higher orders, however the more elaborated alg. 4 and
5 yield no further improvement. In general, the rear part
of listening area is overestimated by the vector models,
whereas the lateral parts are underestimated, especially
for 1st-order playback. This is likely to be caused by the
non-anechoic listening conditions that may mask some of
the loudspeaker signals that disturb correct localization.
Further comparison is made with the off-center localiza-
tion data from the listening experiment in [4]. Predictions
of localization errors for different Ambisonics orders
with rE alg. 2 to 5 are quite accurate. The classic
energy vector model performs worse, especially for 1st

order. Again, consideration of sound wave propagation
damping (alg. 2) and time-dependent weighting (alg. 3)
can increase accuracy. However, alg. 4 and 5 seem to
yield no further improvement. In general, predictions at
higher Ambisonics orders result in better and more reliable
estimation of localization error. At 5th-order playback,
the bad localization accuracy of in-phase decoding can
also be predicted by alg. 2 to 5. The effect of delay-
compensation of the loudspeakers to the center cannot
be modeled by any of the vector models, yet. This holds
for the differences between max-rE and basic decoding.

The extensions of the classic energy vector could yield
large improvements in its prediction accuracy of Am-
bisonic localization experiments when including damping
and time-dependent weighting. These extensions hardly
increase the computational effort of the models. However,
the incorporation of the precedence effect and the ”Cone-
of-Confusion” yield no further improvement while they
increase the computational effort by a factor of 4.
Further investigations could include directivity of the
loudspeakers, reverberation of the playback room, and
source splitting to make the models more suitable for
larger venues. Moreover, the length of the energy vector
could be used to predict source width and coloration.
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Abstract 
In standard wavefield synthesis (WFS) configurations with just horizontal loudspeaker arrays you get a convincing reproduction of sonic 
content in the horizontal plane. However, for a complete immersive experience sound coming from the upper hemisphere is missed. Equipping 
the whole hemisphere would be very cost intensive and unrealistic, so a solution with an effective arrangement of additional sources is sought. 
The design and implementation of ceiling speakers for a WFS system is the subject of this paper. Basic concept for implementation is the 
knowledge of the less precise localization in the upper space. Due to safety regulations, ceiling speakers have to be lightweight to reduce risk 
for listeners. The arrangement can also be done with less effort. Based on these considerations, our approach is to cover the ceiling surface of 
a reproduction room with small fullrange speakers with an enclosure made of styrofoam, which are driven with a relatively small number of 
discrete audio channels to cover the whole upper space. - The rendering software of the WFS system at University of Applied Sciences 
Duesseldorf was updated to synthesize sound sources in and above the ceiling area of the WFS studio and to fit the acoustic properties of the 
new configuration. Within the software, the generation of discrete and diffuse sound components is possible. As a result, the immersion in 
artificial auditory environments is significantly improved with only little effort. 
 

Concept of the work 
"As holographically reconstructed soundfields cannot be 
distinguished from true soundfields, it is argued that 
holographic sound systems are the ultimate in sound control." 
[1] 

With this sentence A.J. Berkhout describes in his manuscript 
"A Holographic Approach to Acoustic Control" the quality of 
the holophony, as wave field synthesis is also called. 

His publication was the beginning of the research of a system 
for the acoustic wave field synthesis in 1988. In the meantime, 
complex audio systems are becoming increasingly important 
for the reproduction of immersive virtual acoustic 
environments. This is mainly due to developments in the 
visual realm of virtual reality. Acoustic wave field synthesis 
provides the most realistic and high quality form of the 
reproduction of audible scenes using loudspeakers. Due to the 
synthesis of waves of real sources with a high number of 
loudspeakers, a complete image of the acoustic events can be 
created and the synthesized acoustical scene can no longer be 
distinguished from reality. Up to now, however, playback 
with this system has mostly been limited to a horizontal plane, 
which means that the third spatial dimension was missing. For 
a completely immersive experience you miss at least one other 
vertically displaced plane to gain an impression of height and 
a third dimension. In this work, this dimension is to be 
realized by a plane composed of ceiling loudspeakers. 

The extension to a 3D-WFS system, of course, extends the 
possibilities of production with the system and enables a more 
realistic and immersive experience. 

An initial question is therefore which requirements must be 
met by the loudspeakers in order to be suitable for the WFS 
system. 

After the loudspeakers have been developed, the arrangement 
and their control is also decisive to optimize the acoustic 
experience. 

Requirements for the loudspeaker 
The requirements for the loudspeakers are the result of their 
application, suspension and control. 

Since these should be installed above the hearing zone, a low 
weight is desirable for safety reasons to reduce the risk for the 
listeners. Suspension can also be done more easily. Available 
systems on the market have a weight of considerably more 
than 1 kg which is too heavy for the planned application. A 
total weight less than 1 kg is desired. Due to the application 
of the loudspeaker in a WFS system, it is necessary for them 
to reproduce the sound as accurate as possible, so a 
homogeneous and balanced frequency response is desirable. 
The required radiation response corresponds to the 
considerations for their positioning and orientation. The 
loudspeaker should not have any major changes in the 
frequency response if you are not standing directly under it. 
Therefore, a broad radiation response is useful. In addition to 
the ceiling speakers, subwoofers are available to support these 
in the low frequency range, so their lower limit frequency 
should be at a maximum of 100Hz to allow a clean transition. 
Of course, the loudspeakers should also have a maximum load 
of more than 30W, to reliably operate on the amplifiers. 

Furthermore, because of a limited budget for producing the 
system, the costs are to be kept at a low level. 

 

Development of lightweight speakers 
The basis was a 25cm large ball made of styrofoam as an 
enclosure. The material has been selected for its particularly 
light weight. 

A 4” woofer with a neodymium magnet and a 0.7” tweeter 
were attached to a front panel made of poplar plywood and 
finally glued to the ball segment made of styrofoam. 
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Figure 1: A ceiling speaker in the test setup of the 3D-WFS 
system at the University of Applied Sciences Duesseldorf 

 

Both the drivers and the material of the front panel have been 
chosen based on their low weight. The woofer for example 
weights only 200 grams [2]. 

The crossover frequency of the two-way loudspeaker is 5 kHz 
and has been realized with a second order Butterworth filter, 
which is advantageous for a WFS sound system due to its 
constant power performance, since it is designed for a 
constant power output in the transition range [3]. 

Since the loudspeaker is prone to very pronounced 
eigenmodes due to the enclosure material used, the amplitude 
frequency response had to be smoothed out by a digital 
equalization in order to make them fit the requirements. 

Furthermore, with the use of a digital loudspeaker controller 
we were able to expand the frequency-range to the required 
lower frequency of 100Hz. 

 

Figure 2: Unfiltered (green) and filtered (blue) amplitude 
frequency response of the developed lightweight ceiling speaker 

 

Figure 2 shows a comparison of the amplitude frequency 
response of a lightweight loudspeaker with and without digital 
equalization. With the non-equalized curve a boosted range 
(800-3000Hz) can be seen which is caused by the resonances 
of the enclosure. 

In addition, this frequency range is affected by the enclosure 
shape and the diffraction distortions of the waves on the edges 
of the front panel [4]. 

The equalized curve shows a deviation of merely ±2dB, where 
the rise to the high frequencies is very desired, as high 
frequencies are more strongly absorbed by the air friction with 
greater distance [5]. Due to the suspension height of the 
ceiling speakers a flatter frequency response at the listening 
position is obtained. 

By boosting the lower frequencies with use of a dynamic 
equalizer, which protects against distortions due to excessive 
cone deflection, the transmission range is significantly 
expanded. 

The filter works like a Linkwitz-Transform circuit, which is 
tuned to the bandwidth of the natural low-pass of the speaker 
enclosure. 

 

Figure 3: Horizontal radiation of a ceiling speaker with enabled 
DSP filtering 

 

 

Figure 4: Vertical radiation of a ceiling speaker with enabled DSP 
filtering 

 

The horizontal beam of the loudspeakers (figure 3) is quite 
consistent within ±30°. In the vertical plane (figure 4) you can 
see interferences in the transition area between the two 
drivers, which can be attributed to a changing delay and 
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therefore a phase shift of the drivers when the loudspeaker is 
rotated vertically. 

 

Arrangement of ceiling speakers 
The expansion of the WFS system can be achieved efficiently 
by a small number of loudspeakers due to the distinctive 
localization blur in the upper hemisphere. In order to 
effectively and uniformly affect the listening area, the 
arrangement of the ceiling loudspeakers is particularly 
important for expanding the WFS system in the upper 
hemisphere. For this reason, the localization blur, the 
radiation characteristics as well as the mechanical conditions 
and the interplay with the other system components had to be 
considered. 

Above an area of 35 square meters, 20 loudspeakers were 
suspended in a 4x5 grid (figure 5). Through the mounting 
height of 3m above the head position (1.2m), the maximum 
angle of 30° between the speakers results out of the grid. 
According to that a minimum of one loudspeaker can be 
localized at any position within the listening area if a 
localization blur of ±13-22° is considered [6]. 

In order to fill the possible acoustic gap between the ceiling 
loudspeakers and the horizontal array and to transmit the 
greatest possible sound energy into the listening room, the 
outer ceiling loudspeakers were additionally suspended by 
half a meter and angled towards the center of the area. Thus, 
the loudspeakers form an indicated spherical section in the 
upper hemisphere, whose elevation angle is at a minimum of 
40° between the specifications of Auro-3D (30°) [7] and 
Dolby Atmos (45° from the axis of the surround LS) [8] for 
height loudspeakers if you are standing at the center of the 
listening area. So it is also possible to playback productions 
of common standardized formats, which additionally 
increases the flexibility of the 3D-WFS system. 

 

Figure 5: 3D Model of the WFS-System at the University of 
Applied Sciences Duesseldorf. The white balls represent the 
ceiling speakers [9]. 

 

Four subwoofers are used to expand the ceiling loudspeakers 
in the lower frequency range and to play low-frequency 
effects. They are placed at the listening area corners above the 
ceiling speakers. This way, the subwoofers and the ceiling 
loudspeakers are to be perceived as an acoustical unit forming 

the sound system for the upper hemisphere. Supporting this 
goal, the ceiling loudspeakers are divided into clusters of 
5 pieces and each cluster is assigned to the subwoofer which 
is located in the same corner. 

 

Signal flow in the upper hemisphere 
The audio is played back in the digital audio workstation on 
the Playback-PC and is converted from digital to analog after 
the WFS rendering on the dedicated Rendering-PC. The 
following elements of the signal path basically differ from the 
control of the lower loudspeaker array. In the digital 
loudspeaker controller, the equalization of the ceiling 
loudspeakers takes place first. Furthermore, the signal is split 
up here, on the one hand for the ceiling loudspeakers (with 
equalization) and on the other for the subwoofers. These 
should be the sound sources in the lower frequency range 
from 96 Hz downwards and the signals are divided 
accordingly by a digital crossover. The selected subwoofers 
also have a 7.1 bass management system which allows the 
simple summation of 5 signals to a subwoofer. This allows the 
subwoofers to support the ceiling speakers in the low 
frequency range under 100 Hz. Thanks to their internal bass 
management and the dedicated LFE input (low frequency 
effects), it is possible to control the subwoofers independently 
of the ceiling speakers, thus increasing the possibilities during 
the audio production process.  

The LFE input also allows the subwoofer to operate up to an 
upper cut-off frequency of 150Hz [10], which makes an 
additional LFE panning feasible, since in this frequency range 
a location of the source is possible. This allows the creative 
scope for production to be extended to this system. The 
subwoofers also have an internal DSP system which allows a 
simple adaptation of the transition frequency and a room 
equalization by filtering of the signal. 

 

Figure 6: Simplified signal flow of the upper hemisphere after 
D/A conversion. 

 
Extension of the WFS software to 3D-WFS 
The adjustment and extension of the WFS rendering software 
is, in addition to the development of the loudspeaker system, 
the second essential aspect of this work. 
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In the rendering software four additional modes are 
implemented to control the upper hemisphere. 

The Ceiling Panning mode allows us to control every channel 
individually and move a virtual source inside the two-
dimensional ceiling surface. Therefore, each ceiling speaker 
is provided with position coordinates in the loudspeaker 
database of the software. In addition, the ceiling panning has 
been extended so that it is dependent of the virtual ceiling size. 
Within a large virtual space, which is bigger than the actual 
listening area, a virtual source can also be placed behind the 
ceiling speakers in the dimensions x and z. It also implements 
the Doppler effect which makes the system even more 
realistic. 

In the control mode Ceiling Plane one source signal is played 
back by the whole upper hemisphere. Because of the 
precedence effect, the virtual source is located directly above 
the listener, so this mode can be used as a “voice of god” type 
of effect. Furthermore, two miscellaneous diffusional 
algorithms (a static and a variable mode) have been 
implemented, and the perception of the ceiling loudspeakers 
can be changed at its core. If the static mode is active, the 
performed width and depth of the signal is enhanced by a 
chaos function allowing a small different delay of each 
loudspeaker. The delay time can be transferred as a 
modification of the virtual height of each loudspeaker which 
is shown in Figure 7. 

 

 

Figure 7: Model of the static diffusion function of the ceiling 
speakers. Numbers on the x- and z-axis indicate the position of the 
ceiling speaker and the y-axis indicates the modification of the 
virtual height of each speaker (between -0,5 and +0,5 meter) 

 

In the modulated diffusion mode, a time-related random 
function also determines a speaker-dependent delay. Thereby 
the behavior of a distributed mode loudspeaker, which is 
known for its diffusional beaming, is simulated in a simplified 
way. 

The modes can be switched on or off via selection buttons, 
depending on the audio material which is to be played back 
via the ceiling loudspeakers. 

Just like the ceiling speakers, each subwoofer is provided with 
position coordinates in the loudspeaker database of the 
software.  

In order to use the four subwoofer channels and the extended 
frequency range of the LFE channel of the subs (150Hz), a 
Subwoofer Panning was implemented, which works the same 
way as the Ceiling Panning but independent of the ceiling 
speakers. 

The control mode Subwoofer Only works just like a normal 
LFE channel and distributes the source signal to all 
subwoofers simultaneously. 

 

Evaluation of the System in a test setup 
For the evaluation of the system, measurements and listening 
tests were performed in a test setup of the upper hemisphere. 
The measurement results of the ceiling loudspeakers at 
different positions in the Ceiling Plane mode with (figure 9) 
and without static diffusion (figure 8) show that the entire 
listening area is fairly evenly covered and there are no major 
differences between the individual positions. In addition, the 
acoustic effect by the diffusion is illustrated, which causes 
even smaller differences between the positions and a 
reduction of the low frequency summation in the center of the 
listening area (blue line). 
 

 

Figure 8: Amplitude frequency response of the ceiling speakers in 
Ceiling Plane mode measured at different positions inside the 
listening area 
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Figure 9: Amplitude frequency response of the ceiling speakers in 
Ceiling Plane mode with static diffusion enabled measured at 
different positions inside the listening area 

Conclusion 
The aim of this work was the development of special 
lightweight loudspeakers in order to integrate them into the 
wave field synthesis system of the University of Applied 
Sciences Duesseldorf in an efficient way as ceiling speakers. 
The interaction between the loudspeakers in the upper 
hemisphere and their control by the WFS software should 
expand the system in the third dimension to increase and 
improve the immersion and flexibility of the wave field 
synthesis. The demands on the loudspeakers which have 
resulted in the development of the concept have been fulfilled 
consistently. They have good, and for this application useful, 
playback characteristics and, weighting 590 grams each, are 
significantly lighter than comparable loudspeakers. 
Furthermore, the arrangement and the suspension of the 
loudspeakers have succeeded in affecting the entire listening 
area uniformly and in addition the possibility of using the 
system for other production formats such as Dolby Atmos is 
given. Various options to increase the diffusivity of the ceiling 
speakers in the Ceiling Plane mode make it possible to 
simulate the diffuse radiation behavior of the ceiling 
loudspeakers from our previous WFS system, thus creating an 
acoustic sky that significantly increases the immersion of a 
production. The expansion of the panning algorithm in the 
upper hemisphere also promotes the realism of the system. 
Due to the dependence of the panning on the virtual ceiling 

surface and the direct sounding of the loudspeakers not only 
the spatial impression can be increased by the ceiling 
loudspeakers, the upper hemisphere can now contribute a 
substantial part to creative and realistic productions. 

The functionality and playback quality of the entire 3D-WFS 
system must still be evaluated in upcoming listening tests and 
productions. After this, the surplus value of the ceiling 
loudspeaker system can be approved with certainty. 

 

References 
[1] Berkhout, A.: A holographic Approach to Acoustic 

Control. The Journal of the Audio Engineering Society 
36 (1988), 977-995 

[2] SICA Datasheet Z001451C, 
URL: http://www.toutlehautparleur.com/ 
media/catalog/product/datasheet/sica/Z001
451C.pdf 

[3] Panzer, J. Frequenzweichen für Lautsprecher. Franzis 
Verlag, München, 1988 

[4] Colloms, M. High Performance Loudspeakers. John 
Wiley & Sons, West Sussex, 1997 

[5] Willems, W. M., Schild, K., & Stricker, D. Formeln 
und Tabellen Bauphysik. Springer-Verlag, Dortmund, 
2016 

[6] Blauert, J. Spatial Hearing. The MIT Press, Cambridge, 
1997 

[7] Auro-3D Concept, 
URL: https://www.auro-3d.com/ 
system/concept/ 

[8] Dolby Atmos Specifications, 
URL: https://www.dolby.com/us/en/ 
technologies/dolby-atmos/dolby-atmos-
specifications.pdf 

[9] Ruth, K. 3D-Modell WFS. München, 2017 

[10] 7360A and 7370A Operation Manual, 
URL: https://www.genelec.com/sites/ 
default/files/media/Studio%20monitors/SAM
%20Studio%20Monitor%20Subwoofers/7360A/73
60_and_7370_op-man_a_0.pdf 

 

Loudspeaker Applications Krebs et al.

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

59



Multi-User Capabilities in an Immersive Audio System 

 

Richard Foss 
Rhodes University, Grahamstown, South Africa, Email:r.foss@ru.ac.za 

 

Abstract 
The user interface and system configuration of an immersive sound system known as Immergo is described. The system 

has a client-server architecture that lends itself to control by multiple users via mobile devices. The paper describes 

various issues that arise when there is multi-user control over shared sound resources. Design and implementation 

decisions to resolve these issues are described, where the guiding principles are efficiency and simplicity for the users. 

 

Introduction 

A description of a client-server immersive audio system was 

presented at the 139th AES convention [1]. The system, now 

termed ‘Immergo’ enables control over localization of 

virtual sound sources from a client side mobile device in a 

manner similar to the object-based audio system described in 

[2].  

 

The virtual sound sources can be derived from a Digital 

Audio Workstation (DAW) running on the server or from 

the inputs to a multi-channel audio interface. The client 

transmits localization requests to the server, and the server 

uses appropriate rendering algorithms to determine mix 

levels that will ensure the required localization. The mix 

levels and audio channels are sent over an Ethernet AVB 

network to multi-channel input/output signal processing 

devices. These devices perform the appropriate mixing of 

channels and conversion to analogue signals required for 

amplification and speaker driving.  

 

When a DAW is used, it is simply a source of audio 

channels, which later get modified by localization requests. 

Localization is not inherent in the channels. The system was 

demonstrated at the 141st AES convention. 

 

Because of its client-server nature, the system lends itself to 

having multiple clients, where each client controls different 

aspects of the localization of sound sources in a multi-

channel performance.   

 

In this paper, we first present the current capabilities of 

Immergo, which have been enhanced since presentation in 

[1]. We present the advantages of multi-user control over 

sound source localization, and discuss system design issues 

associated with such multi-user capabilities. We present our 

particular solutions to these design issues. 

The Immergo User Interface 

Figure 1 shows the client side user interface to the Immergo 

system. The interface is divided into an upper and lower 

section.  

 

The upper section displays a room with speakers, whose 

positions are derived from a configuration file on the server. 

A single unnumbered circle denotes the two dimensional 

position of a virtual source associated with a selected audio 

track. This is adjusted via touch. A rectangle placed within 

the walls of the room denotes the height of the virtual 

source. This is adjusted by tilting the mobile device. 

Multiple numbered circles indicate positions of tracks which 

have had their changing virtual source positions recorded, 

and are being played back. Sliders at the Left, bottom, and 

right of the room serve to indicate mobile device orientation 

– swivel, left/right tilt, and forward back tilt. 

 

 
 

Figure 1: Immergo client side user interface with DBAP selected 

 

The lower section provides a series of button and slider 

controls. The functions of these controls, and the server 

status that they sometimes represent, are important in the 

context of a multi-user system. 

 

The top row allows for selection of a track. The track 

number relates to an audio channel that is being output from 
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a DAW and being received by an audio interface, or more 

generally an input to an audio interface. By selecting a 

particular track, the localization of the audio associated with 

the audio channel can be modified.  

 

The second row provides a set of transport controls over the 

DAW that resides on the server. It also provides a time 

frame display that will be updated continuously when the 

DAW is running. If there are recorded localizations, then 

these will be implemented together with the playback of 

DAW tracks. 

 

The third row contains a series of button controls without a 

common theme: 

 

 Mute – this allows for the selected track to be 

muted. 

 Solo – this has the effect of muting all tracks except 

the selected track. 

 Record – this will allow for the recording of the 

currently selected track localizations. 

 Display – selecting this button will cause the 

localization movements of the selected track to be 

displayed at playback time. 

 Save – this will cause all currently recorded 

localizations to be saved in a file, whose name is 

requested from the user. 

 Load – this allows a user to load a localization file 

onto the server for playback. The user will be able 

to browse for the file. 

 DBAP – this indicates the currently selected 

rendering algorithm.  

 

There are currently two possible rendering algorithms – 

DBAP (Distance Based Amplitude Panning) [3] and VBAP 

(Vector Base Amplitude Panning) [4]. Ambisonics is being 

implemented. Button selections rotate through the 

algorithms, with the current selection being displayed. 

Figure 2 shows how the user interface changes when VBAP 

is the selected panning algorithm.  

 

The VBAP algorithm requires that all speakers lie on the 

circumference of a sphere and the algorithm will not be 

selectable if the server finds this not to be the case. When the 

virtual source circle is moved from the outside concentric 

circle to the inside circle, the virtual source is being moved 

towards the top of a hemisphere. Thus, the height rectangle 

and the orientation capabilities of the interface are not 

required for VBAP. 

 

The last row of the interface contains a spread slider to alter 

the apparent ‘spreading’ of the selected source and a volume 

slider to alter its volume. The check boxes enable the 

engagement of orientation control. Thus, for example, if the 

up/down check box is selected, tilting the mobile device will 

cause the height rectangle to change and for the z coordinate 

of the virtual source to be modified.  

 

 

 

 

 

 
 
Figure 2: Immergo client side user interface with VBAP selected 

 

Immergo System Configuration 

Figure 3 shows a typical Immergo system configuration. A 

number of wireless mobile devices communicate wirelessly 

with a server (Mac Mini shown). The server acts as a web 

server and provides control pages to the wireless client(s). 

The server communicates over an Ethernet AVB network 

with a number of Ethernet AVB capable powered speakers 

(immersiveDSP SPK-4Ps shown [5]). The server to speaker 

communication is via one or more Ethernet AVB switches 

(MOTU switches shown [6]).  

 

A number of other configurations are possible. For example, 

the powered Ethernet AVB capable speakers could be 

replaced by a combination of Ethernet AVB multi-output 

interfaces, multi-channel amplifier, and speakers. It is also 

possible to utilize USB multi-output interfaces connected to 

the server.  

 

An important component of the multi-channel interface is a 

multi-input/output mixer matrix. The particular 

configuration does not alter the core issues relating to multi-

user utilization of the system. 
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         Figure 3: Typical Immergo system configuration 

 

 

The flow of data between client and server is shown in 

Figure 4. Localization requests from the user are sent as 

three dimensional coordinates to the server.  

 

The server uses the currently selected rendering algorithm to 

determine appropriate mix levels to send to the multi-

channel audio interfaces, whether they be Ethernet AVB 

capable speakers (as shown in Figure 3), Ethernet capable 

multi-channel interfaces, or USB capable multi-channel 

interfaces. 

 

State change requests, such as track number selection, mute, 

solo, record, display and algorithm selection are sent as 

control requests from the client to the server, and may result 

in corresponding state updates to clients. It is these control 

requests and state confirmation messages that are 

particularly relevant to multi-user interaction. 

 

State change requests, such as track number selection, mute, 

solo, record, display and algorithm selection are sent as 

control requests from the client to the server, and may result 

in corresponding state updates to clients. It is these control 

requests and state confirmation messages that are 

particularly relevant to multi-user interaction. 

 

DAW transport requests are also sent from the mobile client 

to the server, and the server relays these as MIDI control 

messages to the DAW. The DAW in its turn sends MIDI 

Time Code messages to the server, which relays them to all 

clients for display. 

 

 

 

 
 
        Figure 4: Flow of control and state data 

 

 

Localization requests can be recorded and later played back. 

The localization requests are time stamped with MIDI Time 

Code, and MIDI Time Code is used for multi-channel 

playback localization. 

 

Unlike many other spatial audio systems that are based on 

DAW plugins, no localization messages are sent to the 

DAW. Localization control messages are sent to the server, 

used as input to server based panning algorithms, and control 

messaging is forwarded to immersive system hardware.  

 

Localization requests bypass the DAW, and the DAW is 

only used as a source of audio channels and for 

synchronization purposes. Like any object-based audio 

system, the localization is not inherent in the audio channels 

but rather used to modify the play back positions of audio 

channels.    

 

This client/server architecture opens the way to multiple 

clients interacting with the server, and in this context a 

number of control and state issues need to be resolved. 
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Multi-User Issues 

Immergo has application in a number of scenarios: 

 

 Virtual/augmented reality 

 Club and theatre immersive sound control 

 Sound for film 

 Art installations 

 Museums 

 

In all these applications, whether the control is live or 

recorded in a studio environment, the control process is 

enhanced if multiple users control localization of one or 

more tracks.  

 

As with any multi-user system, where resources can be 

accessed by more than one user, the access has to be 

managed. The access can be managed at the user level, or it 

can be stringently applied by the system. To better determine 

the approach, it is useful to view the various states that the 

server can be in and how user interaction effects state 

transition.  

 

Figure 5 displays a state transition diagram for the server, 

where the states are mutually exclusive. A number of events 

drive the state to state transitions, and these events originate 

from mobile clients. So for example, a ‘Record Request’ 

from a client will move the server to a ‘Record Ready’ state. 

While in this state only a play request or stop request will 

move the server to one of the other mutually exclusive 

states. Requests such as load or save will not be entertained. 

Thus for example, if a particular user has requested to 

record, the server will not respond to a load request from a 

second user. 

 

 

Full MTC message
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Start 
Playing

Playing
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Ready

FFwrd, Rwnd

FFwrd

Rewind
Start 

Recording

Play Request

Recording
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Stop Request

Stop Request Pause

Loading Saving

Record Request

Play Request
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end load request

file received
Stop Request

 
 
              Figure 5: Server state transition diagram 

 

 

 

 

 

Apart from these core mutually exclusive states, users will 

be able to independently: 

 select tracks 

 select to display certain tracks 

 modify spread of a selected track 

 modify volume of a selected track 

 enable orientation control 

 

It is important that the server flag track selections, because 

on selecting a track a user will be able to control localization 

of the track. Indeed, this is at the heart of multi-user control 

– multiple users all controlling different tracks, either during 

playback or localization recording.  

 

The server does not keep the identity of the user who 

requested a track. It will simply note that the track has been 

selected and respond to localization requests for that track. 

This means that more than one user can perform localization 

on the same track. It also means that the server must keep 

account of the number of localization requests for a 

particular track. Localization requests from a selected track 

will take precedence over recorded localizations.  

 

In the context of track localization input, it is useful to look 

at other multi-user resource allocation strategies, particularly 

when the localization input is recorded. One such example is 

multi-user document editing, and an example is the 

“Webspiration” multi-user editor [7]. Here, the name of the 

user currently making changes to the server-resident 

document is displayed. The first user to access the document 

becomes the current editor. The editing role can change 

when the current editor has been inactive for a given time 

period.  

 

A similar approach could be applied to Immergo, where 

ownership of a track goes to the first user to select the track. 

The track is locked to other users until the first user releases 

it. This does however preclude multiple users entering 

localizations on the same track at different times during a 

recording and brings up the question of the level of 

constraint to be imposed on multi-usage. 

 

Implied in the current approach to multi-user control of the 

Immergo immersive audio system is collaboration amongst 

users. The intention is to provide simplicity of usage and 

creative freedom, while at the same time preventing 

inadvertent state errors.   

 

For recording to take place, one user must request to record, 

upon which the Record button will light up on all users’ 

mobile devices. Any user can then initiate recording by 

pressing the Play button. The Time Code counter on each 

user’s mobile device will be updated frame by frame. Each 

user can then select a track and control localization of the 

track, thereby also recording the localizations. Users can 

change tracks as recording proceeds. 
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Collaboration is important in the context of the following 

controls: 

 

 Mute 

 Solo 

 Panning algorithm selection 

 

If a user mutes a track, this effect will be heard by all users, 

as is the case if a user selects a track and presses the Solo 

button. When a user mutes a track, a mute indication for the 

track will be sent to all users, and the track’s name will be 

written with yellow text to indicate its mute state. When the 

Solo button is pressed by a user, all tracks except that 

selected by a user will be muted and the mute status 

indicated to all users. This is shown in Figure 6.  

 
Figure 6 – Client track display after solo selection 

 

Any mute or solo request by any user can be overridden by 

another user. Once again this follows the design approach of 

simplicity and efficiency with the assumption of 

collaboration.  

 

Panning algorithm selection is another of the selections that 

has a profound influence on all users. Panning algorithm 

selection by a particular user will change the panning 

approach of the server immediately. This can be effected in 

the middle of recording or playback to determine the 

effectiveness of the algorithm for the context. The selection 

by a particular user will be immediately apparent to all users, 

as the client display changes between the displays shown in 

Figures 1 and 2.  

 

There are controls that have a purely local effect. These are: 

 

 Display 

 Left/Right 

 Up/Down 

 Front/Back 

 

A visual display of already recorded tracks is useful to a user 

during localization recording of further tracks. However, the 

selection of tracks to be displayed should be particular to a 

user. For this reason, track positions of all recorded tracks 

are broadcast to all client devices. The only track movements 

that are displayed are those tracks that a user has selected to 

display. Displayable tracks are marked within a track button, 

as shown in Figure 1. 

 

The mobile device orientation check-boxes (Left/Right, 

Up/Down, Front/Back), simply provide the user of the 

mobile device with an alternate method of transmitting three 

dimensional coordinates to the server, and don’t influence 

the server state.  

 

Figure 6 shows the client side state transitions caused by 

local user interactions. The states are display states. 
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              Figure 6: Client state transition diagram 

 

Note that pressing the Solo button on a client mobile device 

does not cause a change in the display state. Rather, a set of 

mute requests sent by the server to each client change the 

displayed mute state of each track of each client. 

Conclusions 

Immersive sound has application in many contexts, 

including virtual/augmented reality, theatre, film, art 

installations and museums. Usually a large number of tracks 

need to be localized for such applications.  

 

When creating immersive soundscapes for such applications, 

it is useful to have multi-user collaboration, where various 

users take control of the localization of one or more tracks, 

cognizant of the localization of other tracks.  

 

This paper has described the user interface and system 

configuration of the Immergo immersive sound system. The 

client-server architecture of Immergo lends itself to multi-

user control.  

 

The paper has explored various resource usage issues that 

have to be resolved when multiple users have access to 

shared sound resources. The approach in Immergo has been 

towards simplicity and efficiency rather than rigorous 

control with the assumption that users will typically be in the 

same physical space. 
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Abstract

Typically, the frequency-dependent transformation matrix to convert the signals of a spherical or circular microphone
array to Ambisonic signals is obtained by a norm-constrained least-squares approach, where either modelled or
measured microphone responses are used. These methods do not enforce orthonormality of the obtained directivity
patterns, resulting in severe signal colourations and undesired signal correlations in diffuse sound fields, thus impairing
the perceived spaciousness of a recorded sound field when reproduced. This paper proposes an encoding scheme that
is based on a least-squares optimization with multiple quadratic constraints, ensuring that the obtained directivity
patterns constitute an orthonormal bases over the entire frequency range, thus removing signal colouration and
inter-channel correlation in diffuse sound fields.

Introduction
Encoding spatial audio recordings in the Ambisonic
format is a popular means to decouple the recording
setup from the targeted rendering setup. This is
achieved by a frequency-dependent linear transformation
of the raw microphone signals into a set of virtual
microphone signals, where the characteristics of the
virtual microphones correspond to spherical harmonics up
to a given order. The advantage of this set of orthogonal
virtual microphones is that sound field rotations can be
easily implemented by simple linear operations [1]. This
property is especially appealing for virtual reality and
360◦ video applications as dynamic binaural rendering
can be implemented by combining dynamic sound field
rotations in the spherical harmonics domain and a
static Ambisonic to binaural decoder. The frequency
range where the signals of a microphone array can be
encoded to Ambisonic format with negligible error is lower
bounded due to very high white noise gains (WNGs) for
higher orders at low frequencies and upper bounded by
spatial aliasing effects [2]. Current encoding methods
use regularization to mitigate the problem of exceeding
WNGs, however, they do not handle spatial aliasing effects
properly, yielding severe colouration and undesirable
diffuse field properties of the Ambisonic signals at higher
frequencies. In [3] we proposed a signal-dependent
scheme to obtain aliasing-free Ambisonic signals. In this
contribution we propose a signal-independent approach to
obtain optimal Ambisonic signals in diffuse sound fields
without introducing additional errors in direct sound
fields, which is achieved by imposing additional quadratic
equality constraints to the traditional norm-constrained
least-squares formulation.

Ambisonic Background
Higher-order Ambisonic (HOA) is a spatial audio format
where each channel corresponds to a virtual microphone
with characteristics corresponding to spherical harmonics
(SHs) up to order N . Spherical harmonics are a set of
orthogonal basis functions for square integrable functions

on the unit sphere, given by [4]

Y mn (Ω) =

{
Nm
n cos(mφ)Pmn (cos θ) if m ≥ 0,

N
|m|
n sin(|m|φ)P

|m|
n (cos θ) if m < 0,

(1)

where Ω = (θ, φ) defines a point on the unit sphere in
spherical coordinates and 0 ≤ n ≤ N , |m| ≤ n is the SH
order and degree, respectively, and Pmn is the associated
Legendre function. The normalization term Nm

n depends
on the choice of convention [5]. If N3D normalization
is used, the set of spherical harmonics constitute an
orthonormal basis, i.e.

∫

S2

Y mn (Ω)Y m
′

n′ (Ω)dΩ = δmm
′

nn′ , (2)

where
∫
S2 dΩ =

∫ π
−π
∫ π

0
sin θdθdφ, and δmm

′
nn′ = 1 if n = n′

and m = m′, and zero otherwise. In matrix notation this
property can be written as

∫

S2

y(Ω)yH(Ω)dΩ = I, (3)

where y(Ω) =
[
Y 0

0 (Ω) Y −1
1 (Ω) Y 0

1 (Ω) · · · Y NN (Ω)
]T

.
This property implies that the Ambisonic covariance
matrix Ry in a diffuse sound field is the identy matrix;
that is, the signal energy in all Ambisonic channels is
equal and the signals of all channels are uncorrelated
with each other.

Ambisonic Encoding
Ambisonic encoding is the process of retrieving HOA
signals of order N from the signals of a microphone
array. This is achieved by convolving the microphone
signals with a filter matrix, which corresponds to a linear
transformation in the frequency domain. Assuming that
the sound field impinging upon the array can be described
by a superposition of plane waves, the transformation
matrix W (ω), referred to as the encoder in the sequel,
ideally transforms the array steering vector v(Ω, ω) into
the order-N spherical harmonic steering vector y(Ω) for
every direction Ω; more formally:

y(Ω) = WH(ω)v(Ω, ω) for all Ω ∈ S2, (4)
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where v(Ω, ω) = [v1(Ω) v2(Ω) · · · vL(Ω)]
T

is the array
steering vector for direction Ω and L is the number of
microphones.

Theory-Based Encoder
The signal received by the l-th microphone of a spherical
microphone array due to a plane wave from direction Ωd
can be described as [6]

ṽl(Ωd, ω) =

∞∑

n=0

n∑

m=−n
bn(kr)Y mn (Ωl)Y

m
n (Ωd), (5)

where ṽl(Ωd) is the modeled microphone response relative
to the array center, k = ω/c is the wave number, r is the
array radius, bn(kr) is the strength of the order n spherical
harmonic modes, and Ωl defines the l-th microphone
position. In order to compute the microphone response
numerically, the infinite sum in (5) needs to be truncated
to some maximum order N . In vector notation, the
approximation of the microphone response can then we
written as

ṽl(Ωd, ω) ≈ y(Ωl)
Hdiag (b(kr))y(Ωd), (6)

where b(kr) = [b0(kr) b1(kr) b1(kr) · · · bN (kr)]T . The
array steering vector can then be defined in matrix
notation as

ṽ(Ωd, ω) = Y H
a diag (b(kr))y(Ωd), (7)

where Ya = [y(Ω1) · · · y(ΩL)]. Therefore, to transform
the array steering vector into the spherical harmonics
steering vector, the encoder must invert Y H

a diag (b(kr)),
and the solution exhibiting the smallest norm is given by

WTH = Y H
a

(
YaY

H
a

)−1
diag (b(kr))

−1
. (8)

As the mode strengths for higher orders decrease rapidly
towards lower frequencies, some form of regularization is
usually applied to diag (b(ω))

−1
to avoid excessive noise

amplification.

Least Squares Encoder
In practice, oftentimes the true array steering vectors
deviate substantially from the model in (7) due to
microphone imperfections, position errors or mounting
reflections. In this case, the theory-based encoder in
(8) introduces severe errors and a measurement-based
approach is more suitable [7]. Using the measured array
responses

V (ω) = [v(Ω1, ω) · · · v(ΩM , ω)] , (9)

where M is the number of measured directions, the
encoder is then given by the solution of

min
W

∥∥∥
(
WHV − Y

)
D

1
2

∥∥∥
2

F
(10)

subject to: max
(
diag

(
WHW

))
≤ β2, (11)

where ‖·‖F is the Frobenius norm, Y =
[y(Ω1) · · ·y(ΩM )], D is a diagonal weighting matrix
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Figure 1: Last squares encoder: PSDs in dB (main diagonal)
and MSCs (lower off-diagonal) over frequency in kHz for a
first-order tetrahedral array. Top right: Diffusity γ(ω) derived
from the active intensity vector.

that can be chosen to equally distribute the error over
the entire sphere, and β is the maximum allowed white
noise gain. The solution is given by

WLS =
(
V DV H + λβI

)−1
V DY H , (12)

where λβ is a regularization parameter that depends on
the choice of β.

Aliasing Effects in a Diffuse Sound Field
For a diffuse sound field, the power spectral density (PSD)
for Ambisonic channel j is given by

Pj(ω) =
1

4π

∫

S2

|ŷj(Ω, ω)|2dΩ, (13)

where ŷj(Ω, ω) is the j-th element of ŷ(Ω, ω) =
WH(ω)v(Ω, ω), and for a unit variance diffuse sound
field the PSD should be equal to 1 for all j and ω. On
the main diagonal of Figure 1, the diffuse field PSDs of
the Ambisonic channels obtained by the measurement
based least squares encoder are depicted for an open
sphere tetrahedral microphone array with a radius of 3
cm equipped with four cardioid microphones. Above the
spatial aliasing (≈ 1.8 kHz) the least-squares encoder
introduces severe signal colouration as it projects out
higher order spherical modes.

In addition to signal colourations, the least squares
encoder introduces undesired channel correlation above
the spatial aliasing frequency as it fails to enforce
orthogonality of the obtained directivity patterns. On
the lower off-diagonal plots in Figure 1, the diffuse field
magnitude squared coherence (MSC) between channels j
and l

Cjl(ω) =

∣∣ 1
4π

∫
S2 ŷ

∗
j (Ω, ω)ŷl(Ω, ω)dΩ

∣∣2

Pj(ω) Pl(ω)
, (14)

is depicted for the same microphone array. The overall
diffusity γ(ω) of a first-order Ambisonic signal is closely
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Figure 2: Diffuse field equalized last squares encoder: PSDs
in dB (main diagonal) and MSCs (lower off-diagonal) over
frequency in kHz for a first-order tetrahedral array. Top right:
Diffusity γ(ω) derived from the active intensity vector.

related to the MSC and can be estimated using the active
intensity vector, defined as

ia(ω) =
1√
3
R
(
ŷ1(ω) [ŷ4(ω) ŷ2(ω) ŷ3(ω)]

H
)
. (15)

An estimate of the diffusity is given by [8]

γ(ω) = 1−
∥∥∫
S2 ia(ω)dΩ

∥∥
2∫

S2 ‖ia(ω)‖2 dΩ
, (16)

where 0 ≤ γ(ω) ≤ 1 and γ(ω) = 1 for a perfectly diffuse
sound field. In the upper right plot of Figure 1 the
decreased diffusity introduced by the least squares encoder
towards higher frequencies can be observed. From a
perceptual viewpoint, the decreased diffusity impairs the
spaciousness of the reproduced sound field as diffuse field
energy will be concentrated at specific directions. For
the microphone array analysed in Figure 1, diffuse field
energy at higher frequencies will be mainly reproduced
from above or below since the Z channel (j = 3) is
highly correlated with the W channel (j = 1) causing the
intensity vector to be close to parallel to the z-axis.

Proposed Encoder
To alleviate the shortcomings of the least squares encoder,
namely (i) signal colouration and (ii) inter-channel
correlation, we suggest to impose additional constraints
on the encoder matrix. A straightforward solution to the
first problem would be to apply a diffuse-field equalization
filter to each Ambisonic channel, which is equivalent to
adding a unity constraint on each element of the main
diagonal of the output diffuse field covariance matrix

Rŷ =

∫

S2

ŷ(Ω)ŷH(Ω)dΩ =

∫

S2

WHv(Ω)vH(Ω)W dΩ

= WH

∫

S2

(
v(Ω)vH(Ω)dΩ

)
W

= WHRvW ,

where Rv is the array covariance matrix in a diffuse sound
field and

Rv ≈ V DV H , (17)

for a sufficiently large set of measured or simulated
directions and a suitable diagonal weighting matrix D.
Mathematically, the problem can be written as

min
W

∥∥∥
(
WHV − Y

)
D1/2

∥∥∥
2

F
(18)

subject to diag
(
WHRvW

)
= 1 (19)

max
(
diag

(
WHW

))
≤ β2, (20)

where 1 is the vector of all ones, and the solution is given
by

WLS-diffEQ = WLS diag
(
WH

LSV DV HWLS

)−1
. (21)

In general, however, diffuse field equalization does not
decrease inter-channel coherence as can be observed
in Figure 2. To ensure that the obtained directivity
patterns constitute an orthonormal basis which results
in uncorrelated Ambisonic channels in a diffuse field, we
propose to constrain the entire output covariance matrix,
not just its diagonal elements. The proposed encoder is
thus obtained as the solution of an optimization problem
of the form

min
W

∥∥∥
(
WHV − Y

)
D1/2

∥∥∥
2

F
(22)

subject to WHRvW = I (23)

max
(
diag

(
WHW

))
≤ β2. (24)

The set of solutions that meet the covariance constraint
in (23) is given by

W = UV S
−1
V P , (25)

where UV and SV are obtained by the singular value
decomposition

UV ŜVB
H
V = UV SV ΛVB

H
V = V D1/2 (26)

with ŜV = SV ΛV , where ΛV = [I 0], and P is an
arbitrary rectangular unitary L×(N+1)2 matrix such that
PHP = I. By inserting (25) into (22) and expanding,
the problem in (22)-(24) can be rewritten as

min
P

tr {T1} − 2R (tr {T2}) + tr {T3} (27)

s.t. PHP = I (28)

max
(
diag

(
WHW

))
≤ β2 (29)

W = UV S
−1
V P , (30)

where

T1 = PHS−1
V UH

V V DV HUV S
−1
V P = PHP

T2 = Y DV HUV S
−1
V P

T3 = Y DY H ,
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Figure 3: Average length error of the active intensity vector
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and tr {·} is the matrix trace. Since T3 is independent
of P we drop it in the sequel. Since PHP = I by the
constraint in (28) we can also drop the first term in (27)
and rewrite the objective in (27) as

max
P
R (tr {QP }) (31)

with Q = Y D1/2BV ΛH
V . Under the unitary constraint

on P , the objective in (31) is maximized by the conjugate
transpose of the closest rectangular unitary matrix to Q,
that is

P = QH
U , (32)

and QU can be obtained from the singular value decom-
position UQSQΛQB

H
Q = Q and is given by

QU = UQΛQB
H
Q . (33)

The optimal encoder, assuming the WNG constraint in
(24) to be inactive, is thus given by

WCOV = UV S
−1
V QH

U . (34)

Since QUQ
H
U = I, the maximal WNG of this solution,

given by

WNGmax =
√

max
(
diag

(
QUS

−2
V QH

U

))
, (35)

is upper bounded by s−1
min, where smin is the smallest

singular value of V D1/2. Hence, a sufficient condition for
the constraint in (24) is smin ≥ β−1 which can be achieved
by regularizing SV using Tikhonov regularization, i.e.

S̃V = SV + λI, (36)

with λ = max(β−1 − smin, 0), or by thresholding
the singular values such that the j-th singular value
sj = max(sj , β

−1). It is also interesting to note that
the norm-constrained least-squares solution in (12) is
closely related the the solution in (34); using the singular
value decomposition in (26) the least-squares solution can
also be written as

WLS = UV S̃
−1
V QH , (37)

that is, the proposed solution in (34) only differs in the last
term, where we use QU - the closest unitary matrix to Q
- instead of Q. For spherical arrays and lower frequencies
these solutions are equivalent since Q is already unitary.
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Figure 4: Average direction error of the active intensity
vector in a direct sound field.

Direct Sound Performance
So far we showed that the proposed encoder performs
optimal in a diffuse sound field. To analyse its behaviour
in a direct sound field, we use the length and the direction
of the active acoustic intensity vector defined in (15) as
a performance measure. If a unit amplitude plane wave
impinges upon the array from direction Ωd, the true
intensity vector is a unit vector pointing in the direction
of the source; hence we define the mean length error of
the intensity vector as

elen(ω) =
1

M

M∑

d=1

| ‖ia(Ωd, ω)‖2 − 1|, (38)

and the mean direction error as

edir(ω) =
1

M

M∑

d=1

acos

(
ia(Ωd, ω)Hu(Ωd)

‖ia(Ωd, ω)‖2

)
, (39)

where u(Ωd) is a unit vector pointing in the direction
defined by Ωd. In Figure 3-4 the mean length and
direction error for the least squares encoder (LS), the
diffuse field equalised least squares encoder (LS-diffEQ),
and the proposed encoder (COV) are depicted. It can be
observed, that the length error of the intensity vector is
virtually equal for the LS-diffEQ and the COV encoder,
and considerably lower than for the LS encoder. As for the
direction error, all three encoders perform approximately
the same. That is, the additional covariance constraint
achieves optimal diffuse field properties of the Ambisonic
channels without having any detrimental effect in a direct
sound field.

Conclusion
In this contribution we proposed an Ambisonic micro-
phone encoding method that enforces orthonormality
of the obtained directivity patterns and thus exhibiting
optimal diffuse field properties. This behaviour is achieved
by imposing an additional covariance constraint on the
traditional norm-constrained least squared error solution.
It has been shown that the proposed encoding scheme,
while optimizing the diffuse field properties, does not
introduce additional errors for direct sound fields.
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Abstract

Wave Field Synthesis and Higher Order Ambisonics are both spatialisation techniques that could be applied to theatre
sound design, but practicalities such as the number of loudspeakers and space required limit their use. Practical
setups could consist of a planar array across the stage (for performer localisation) and surround speakers around the
auditorium in different configurations (for ambience). This research simulates the use of extrapolated and truncated
arrays, with HOA and WFS algorithms in order to create a panned frontal dominant system with potentially increased
intelligibility due to source separation and spatial unmasking. Hybrid methods where WFS and ambisonics are used
simultaneously will be evaluated to create a system for theatre that is both psychoacoustically sound, homogenous and
practicable.

Introduction
Wave Field Synthesis (WFS), and Higher Order Ambison-
cis (HOA) are methods of spatial audio reproduction
that are capable of a high degree of localisation accuracy.
There are drawbacks in their practical implementation, as
large numbers of speakers are required for accurate spatial
reproduction. Theatrical implementations of spatial audio
have mostly been based on ’spot special’ techniques,
where single speakers are integrated to the set or in the
auditorium to localise a particular sound source. Full scale
spatial reproduction methods, though rarely implemented
due to practical constraints, would give the sound designer
much greater scope and flexibility.

One method of increasing localisation accuracy would
be to utilise a planar speaker array situated near the
edge of the stage. Ideally, the performers’ positions and
orientations would be tracked on stage, corresponding
with the movement of the performers’ voice sources
reproduced over the planar array. This would allow for
localisation across the plane of the stage, however, any
sources would be constrained to the dimensions of the
planar array. For atmospheric sounds, this would be
insufficient, and therefore an additional surround array
distributed around the perimeter of the auditorium would
need to be used in conjunction with the planar array.
This research aims to simulate both WFS and HOA, and
hybrid algorithms over different planar and surround array
configurations.

Theory
The development history of HOA and WFS has been
discussed many times [1] [2]. Ambisonics and Wave Field
Synthesis aim to achieve accurate spatial reproduction of
a sound field over a listening area. Both methods have
advantages and disadvantages.

Higher Order Ambisonics (HOA) aims to reproduce the
sound field by using spherical harmonic decomposition

over a given listening area. First order reproduction (the
minimum) is based on four channels with figure of 8 polar
patterns directed among the axis, with WXYZ denoting
mono (pressure only), front/back, left/right and up/down
respectively; which is known as B-Format. Encoding
and decoding of ambisonics is separate, and therefore it
is a very flexible speaker layout agnostic system. First
order ambisonics is limited in its localisation acuity, and
therefore higher order systems with more channels greatly
increase the systems ability to reproduced accurately
localised sources due to increased spatial resolution.
Ambisonics however has a small sweet spot where the
spatial reproduction will be reproduced accurately in all
directions, which is an issue in live/theatrical environ-
ments as the experience will differ greatly depending on
listener seating position.

Speaker arrays for ambisonics usually consist of regular
polyhedral array speakers of speakers around a small
listening area with the listener being in the centre which
is impractical for a number of reasons [3]. Firstly,
theatre auditoriums are not usually symmetrical in three
dimensions, making it impossible for the listeners to be
equidistant from all speakers. The ideal regular polyhedral
setup would also require speakers be placed well below
the listener, i.e. under the floor, which is impractical
for a large number of listeners and on the stage which
is untenable. It is therefore the scope of this project
to investigate other speaker array layouts that are more
practicable in a live environment for reproduction over a
large audience area.

Wave field synthesis is another method of spatial re-
production. It aims to recreate the waveform of the
original acoustic sound source using large speaker arrays.
WFS is most often utilised as planar array setups, giving
very high localisation accuracy as well as depth/source
distance [4]. These high density circular arrays are
sometimes difficult to implement in a live situation, and
there are now several companies offering live WFS source
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rendering solutions based on traditional LCR arrays with
added fills dependent on the specific event [5]. WFS has
difficulty in reproducing full 3D content, especially in the
elevation plane however it provides accurate 2D spatial
reproduction over a large listening area.

The main idea discussed in this paper is evaluating
both spatial reproduction methods based on planar
and semicircular arrays due to their practicability in
a theatrical/live performance environment. A Hybrid
system will briefly be explored by simulations combining
WFS and ambisonics on the same array. The practical
limitations of ambisonics and WFS could be reduced by
using a hybrid speaker array design, with a high density
linear planar array at the proscenium arch for accurate
localisation across the stage, and then surrounds placed
around the auditorium on a circular basis as in traditional
2D ambisonics for ambient material.

Method

Matlab Simulations
For this current research, the array size will be kept small
as future work will include real world evaluation in a hemi-
anechoic environment. All simulations will be carried out
in octave bands starting at 125Hz, to 4kHz. Both single
planar arrays and combined planar and surround systems
will be simulated and their performance evaluated while
using Ambisonics, WFS or a hybrid of the two. First
the array dimensions, number of speakers, and the room
dimensions are initialised. For ambisonic simulation, a
given maximum order is also specified. The virtual source
panning angle is specified, and symmetry is assumed as
all arrays are symmetrical at this stage.

Figure 1: HOA Array diagram showing truncation and
extrapolation of half the circular array to planar array

Figure 1 shows the transformation from a regular spaced
ambisonic array, to a planar array. The circular array
is split in half, and one side is extrapolated to create a
planar array. The original horizontal spacing of the array
(keeping the x-dimension spacing as if it was still part of
the circle, with greater speaker density at the edges and
less dense in the centre) will be simulated and evaluated.

Speaker spacing within the array is calculated based on
its dimensions and number of speakers. Each speaker

location has a relative cartesian coordinate. A virtual
source position is then defined as an azimuth pan
direction.

For the ambisonic version, the gain coefficients for each
speaker, and the virtual source are calculated in a separate
function.

Nm
n

(SN 3D) =

(
2− δm

4π
× (n− |m|)!

(n+ |m|)!

)
where δm =

{
1 if m = 0

0 if m 6= 0

(1)

Where:

• Nm
n = SN3D normalisation value used to normalise

the gain of the harmonics

• n = ambisonic order

• m = the degree

Y mn (θ, φ) = N |n
m|P |n

m| (sin(φ))

{
cos(|m|θ) if m ≥ 0

sin(|m|θ) if m < 0

Where:

• N |nm| = SN3D normalisation value used to normalise
the gain of the harmonics

• P |nm| = associated Legendre function

• θ = azimuth

• φ = elevation

In this very simplified WFS model, the distance from the
virtual source to all loudspeakers needs to be calculated
first. Further work would include utilising a more complex
method of WFS as per the Sound Field Synthesis Toolbox
[6].

r =
√

(lsx − sourcex)2 + (lsy − sourcey)2 (2)

Where:

• lsx = loudspeaker x coordinate

• sourcex = source x coordinate

• lsy = loudspeaker x coordinate

• sourcey = source y coordinate

Then, turn the distance into delay in ms:

delay =
r

c
(3)

The gain of each loudspeaker is then calculated using the
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distance from the source (with added normalisation):

gain =
1

r + 1

gain =
gain

gainmax

These gain values are then used, along with the analytic
signal, to simulate waveform propagation.

Wave Propagation
The first set of results is image and gif plots of the
waveforms resulting from the ambisonic/WFS panned
virtual source, and a waveform as if a single source
was placed in the same location using the analytic wave
equation.

r =
√
x2 + y2 (4)

ψ(r, t) =
Ls × ej2πf t × e−jkr

r
(5)

Where:

• Ls = inverted speaker encoding matrix (ambisonics)
or the speaker gains (WFS) convolved with the
virtual source coefficients

• ej2πf t = analytic signal

• r = coordinate point distance from source

The waveform plots of the virtual source (WFS or
Ambisonics) and the single point source in the same source
position are normalised so that they can be compared.
A reference coordinate point at the centre of the array
containing the virtual panned source is chosen as the
comparison point at the first frame of the process, so the
two are at the same point in time. The same reference
point in the array containing the single point source data
is compared and a normalisation factor is calculated by
division of the two reference points. Every element in
the single point source array is then multiplied by this
normalisation factor.

Velocity & Energy Vector Analysis
Velocity and energy vector analysis is a useful tool for
evaluating the performance of spatial audio algorithms.
Both are methods of evaluating the performance of
speaker arrays without full-scale perceptual listening tests.
At each point of the listening area, the output from each
speaker sums to create a pressure and velocity vector that
points towards the perceived source location [7]. The
velocity vector is particularly suited to evaluating spatial
array performance at low frequency, and energy vector
at high frequencies. This is due to the psychoacoustics
of localisation and the size of the head. Below 700Hz
(wavelength approximate to the width of the head), there
is very little difference in energy between the ears, as

the head is not large enough to cause an obstruction and
a resultant reduction in level at one ear, with the only
inter-auditory-differences (IAD) being phase related. The
difference in the waveforms at both ears is the velocity of
the sound field along the ear-axis [8].

Energy vectors are the sum of the unit vectors. In an ideal
scenario, that of a single source, the magnitudes and the
direction of the energy vectors would reach unity. This
will never be the case for more than one source, as the
energy is emanating from more than one loudspeaker and
thus cannot reach unity [3]. Extended energy vectors, as
per Stitt [9] give even greater improvements in localisation
performance prediction, however this method is currently
beyond the scope of this paper.

The velocity and energy vectors are calculated for each
point on the 400x400 coordinate grid. Rather than
displaying every 20th vector, a simple averaging function
takes a 20x20 block of coordinate points and averages the
energy vector and velocity vectors of block, representing
an area with a single velocity and energy vector.

Localisation Error
A useful tool for evaluating listening areas using surround
sound is localisation error. This compares the predicted
localisation angle (based on the energy vector) of a virtual
panned source, to the ideal scenario of a single ’real’
source in the same location. This resulting difference in
the localisation angle for each coordinate point can then
be calculated and mapped onto a colour spectrum.

Results
The simulations have resulted in a very large database of
figures, and it is therefore only possible to show a small
sample in this paper.

Ambisonic Array Simulation Results
The behaviour of the planar ambisonic array is greatly
dependent on the ambisonic order. It is useful to
visualise the wave propagation from the different array
configurations and algorithms in order to evaluate their
ability to produce a coherent waveform for a virtual source
compared to a real source placed in the same position.

Figure 2 shows the simulated waveform for an ambisonic
virtual source panned to the centre of the array at 0
degrees, as well as the velocity vector (white) and energy
vector (pink) analysis. At first order, the audience
area would perceive the source as coming from the
speaker closest to them, and the constructed waveform
is very fragmented and not representative of a single
point source waveform. As the order increases, the
reproduction of a point source like waveform increases,
and the resultant energy and vector analysis demonstrate
a greater homogeneity throughout the listening area with
the source being perceived as a coming from its panned
position as if a point source.

Unsurprisingly, as order increases, the localisability of the
source increases and the localisation error decreases. In
real terms, the higher the order, the larger the audience
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Figure 2: Simulation results for a virtual ambisonic source
panned to the centre of the planar array at (left to right) 1st,
3rd, 5th and 7th order

area is where the virtual source is perceived to be
emanating from its panned position, and not from the
speakers closest to them.

Figure 3: Energy vector and localisation error analysis of a
virtual ambisonic source panned to the centre of the planar
array at (left to right) 1st, 3rd, 5th and 7th order

Figure 3 shows the energy vector analysis of a 4m long
planar array, as well as the localisation error at each
point with a virtual source panned to 0 degrees. As the
ambisonic order increases, the energy vector shows that a
greater portion of the simulation area perceives the sound
source as coming from the correct location, instead of a
speaker closer to that point. At 7th order, only the areas
near the end of the array have any discernable degree of
localisation error.

Figure 4 shows the simulation of a source panned to
60 degrees. Once again, an increase in order reduces
the localisation error, but only to a point, with the first
0.5m in-front of the array experiencing a large degree
of localisation error, with the source being perceived as
originating from the speaker with the closest proximity.

As the distance between the speakers increases, the
aliasing frequency decreases. A higher density speaker
array (with a resultant increase in ambisonic order)

Figure 4: Energy vector and localisation error analysis of a
virtual ambisonic source panned to 60 degrees on the planar
array (left to right) 1st, 3rd, 5th and 7th orders

performs better at high frequencies than a sparse, low
order array, however there is a practicable trade off in
terms of production budget and the number of speakers
required. So far, a 16 channel array has been truncated to
a 9 speaker planar array. In order to create a full surround
system, the remaining 7 speakers can be used as surrounds,
creating a semi-circular array. This would allow for
sound sources to be panned around the auditorium to
create immersive effects. The surround spatialisation
does not have to be as accurately reproduced as the
front planar array, as it will be used to create a sense
of ambience, which would be enriched by a diverse sonic
experience throughout the audience area. This is why
this semi-circular system is front weighted with a greater
speaker density in-front of the proscenium arch, in order to
accurately reproduce the localisation of the actors’ voices
and instrument/sound effect positions that are directly
pertinent to the drama.

Figure 5: Energy vector and localisation error analysis of a
virtual ambisonic source panned to 0 through 180 degrees on
the semi-circular array at 5th order

Array performance is also frequency dependent due to the
dimensions of the array. Using the same test parameters
as the previous graphs, plots for octave bands for 125Hz
to 4kHz are compared in Figure 6e. The vector analysis
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is changed from velocity to energy based at 700Hz, as
outlined by Gerzon [8].

Figure 6: Energy and velocity vector and localisation error
analysis of a virtual ambisonic source panned to 0 degrees
through octave bands on the semi-circular array at 5th order

WFS Array Simulation Results
The wave field synthesis simulations were undertaken with
the same parameters as the ambisonic tests, in order to
allow for direct comparison.

Figure 7: Waveform, Energy and velocity vector analysis of
a WFS source at 0 degrees

When compared to a 7th order ambisonic source panned
to the same position on a planar array (as per Figure 2, the
waveform of the WFS simulation is less coherent (Figure
7). This is likely due to the planar array being relatively
sparse in comparison to a traditional, high density WFS
array.

As the source is panned towards the end of the array,
the localisation error on the opposite side increases, and
extends further into the ’audience area’ than the planar
ambisonic implementation (Figure 8).

Adding the surround speakers, the performance of the
array is still second to the ambisonic implementation,
with a larger degree of localisation error near each of the
speakers (Figure9).

The performance of the WFS implementation is also more
frequency dependent, with greater variation in degrees

Figure 8: Energy/Velocity vector analysis of a WFS source
at (0, 30, 60, 90) degrees on a planar array

Figure 9: Energy/Velocity vector analysis of a WFS source at
(0, 30, 60, 90, 120, 150 180) degrees and 1kHz on a semicircular
array

Figure 10: Energy/Velocity vector analysis of a WFS source
at 0 degrees and octave bands from 125Hz - 4kHz on a
semicircular array

of localisation error over a larger portion of the audience
area between each octave band than the ambisonic version
(Figure10).
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WFS/Ambisonic Hybrid Array
Simulation Results
The original aim of this paper was to investigate the
simultaneous use of ambisonic and WFS algorithms in
order to utilise their individual merits whilst mitigating
their disadvantages. As WFS is a system generally
implemented in planar arrays, including source distance
and depth calculations, this was chosen as the driving
method for the planar array, whilst ambisonics is particu-
larly suited to sparser arrays, hence its utilisation in the
surround speakers.

Figure 11: Energy/Velocity vector analysis of a hybrid
WFS(planar)/Ambisonic(surround) array with a virtual source
at 0 degrees (0, 30, 60, 90, 120, 150 180) degrees and 1kHz
on a semicircular array

Again, the hybrid simulation shows a greater degree
of localisation error over a much larger portion of
the audience area than the ambisonic system, with a
particularly interesting result when the virtual source is
panned towards the rear of the array. This may be due
to the lack of normalisation between the ambisonic and
WFS functions, which future work would seek to mitigate.

Conclusion
The results show that ambisonics can indeed be utilised
on a planar array to some success. The vector analysis
shows that over the audience area, ambisonics produces
the least localisation error for this particular array, which
is surprising due to its ’sweet spot’ nature. Both the
hybrid algorithm and WFS were shown to be poorly
suited for this array configuration, possibly due to its
relatively sparsity in terms of numbers of speakers. Future
work includes simulating multiple array configurations
to see whether a different array can be used to improve
the results. It must be noted, however, that the WFS
implementation used here is a simple one with all
secondary sources driven to recreate the primary source.
Further work will refine this implementation.

Real world tests, first in a hemi-anechoic environment and

then a theatre also need to be undertaken to assess the
relative merits of each spatial audio reproduction method
over both planar and semicircular speaker arrays.

The search for a hybrid algorithm solution that may miti-
gate the disadvantages of each system while maintaining
their relative advantages will continue.
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Abstract

Higher Order Ambisonics (HOA) is a format for representing three-dimensional sound, which has recently found its
way into commercial products especially in the context of 360◦ videos. Beyond being used by the famous video
hosting service YouTube, it is an integral part of various software tools or digital audio interface plug-ins for the
HOA encoding of microphone array recordings, for the HOA mixing and binaural rendering. Based on the fact
that there exist different particular definitions of HOA formats, the correct interoperability of all tools requires each
manufacturer to provide its own definition or to relate to an existing one. This contribution points out ambiguities
in these definitions, which might lead to fatal misinterpretations of the sound field.

Introduction
Although the basic principles of Ambisonics were already
established in the 1970s by Michael Gerzon [1], its
actual introduction into commercial products has been
accelerated only recently by the advent of virtual reality
applications. The reason is probably that the Ambisonics
format is perfectly suited for three-dimensional sound to
complement 360◦ videos since it represents the sound
field in the vicinity of a single point in space using a
spherical coordinate system. Though offering only a lim-
ited spatial resolution, the representation is essentially
continuous. This allows for a very efficient, lossless sound
field rotation, which is required for adapting the sound to
the listener’s head rotations in order to achieve a realistic
VR experience.

In the context of VR content creation meanwhile
there exist numerous companies developing, producing
and selling hardware as well as software. Regarding
the capturing side, a couple manufacturers offer
three-dimensional microphone arrays together with
corresponding encoding software (either as digital audio
workstation (DAW) plugins or as standalone tools) to
convert the pure microphone signals to an Ambisonics
or to a more general Higher Order Ambisonics (HOA)
representation. Among them is for instance Sennheiser
with the AMBΞO R© VR Mic and the corresponding
A-B-Format-Converter DAW Plug-in or mh acoustics
with the Eigenmike R© and the proprietary EigenStudio R©

software.

Companies such as Facebook, Harpex, Noisemakers or
Blue Ripple Sound offer DAW plugins for the virtual
creation and modification of HOA sound field represen-
tations. YouTube has chosen HOA as the audio format
to augment 360◦ videos. With MPEG-H 3D audio
there even exists an audio coding standard supporting
HOA, which was recently specified by the South Korean
standardization organization TTA as the sole audio codec
for their 4K TV system.

A question of major importance for the above mentioned
manufacturers in this context is how to ensure correct
interoperability of all commercially available tools, re-

garding the fact that there is up to now no specification
of one single definition of the HOA format as a common
agreement. Instead, manufacturers pursue in their
commercial products the way of offering different HOA
formats, which are in the most cases specified by the
ordering of the HOA signals (e.g. ACN [2, Sec. 3]) as well
as the sign and normalization scheme (e.g. N3D or SN3D
[3]) of the individual Spherical Harmonics functions.

The recent specification of the Ambix format [4] was
hence an attempt to establish a single HOA definition for
practical purposes, which has been meanwhile adapted
by many manufacturers. It is particularly noteworthy
that the format description revealed a high potential of
misinterpretation of the original meaning of HOA signals,
to which it unfortunately and accidentally fell victim,
presumably misguided by the context of mathematical
sound pressure expansion often used in scientific litera-
ture.

In spite of the fact that a corrected version of the
Ambix format specification has appeared by now and
is available at [5], the potential of future misinter-
pretation in a different context still seems probable.
This document hence provides a precise definition of an
HOA representation for arbitrary normalization schemes,
and, subsequently, contrasts it with a further incorrect
interpretation, which is however identical to the original
one for the case of orthonormal Spherical Harmonics
functions. A particular goal is to sensitize the reader
to the existence of a difference between the two versions,
and to the effects of misinterpretation.

Original definition of HOA
The probably oldest reference about (Higher Order)
Ambisonics sound field representations [1, P. 3] and a
corresponding patent [6, P. 2] refer to them as signals of
(virtual) microphones with directional pickup character-
istics corresponding to that of the individual Spherical
Harmonics. The explicit expression for HOA signals
based on this definition will be derived in the following.

Starting from a physical point of view, HOA is based
on the description of a sound field within a compact
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area of interest, which is assumed to be free of sound
sources. In that case the spatiotemporal behavior of the
sound pressure p (t,x) at time instant t and position x
within the area of interest is physically fully determined
by the homogeneous wave equation. In particular, the
sound pressure may be unambiguously represented as a
composition of contributions of individual general plane
waves (GPWs) originating from outside the considered
area according to

p (t,x) =

∫

S2

pGPW (t,x,Ω) dΩ, (1)

where pGPW (t,x,Ω) denotes the pressure contribution
at time instant t and position x due to a general plane
wave from direction of incidence Ω ∈ S2 with respect to
the coordinate origin, where S2 denotes the unit sphere in
the three-dimensional Euclidean space. The direction of
incidence Ω may be represented as the tuple Ω = (θ, φ),
consisting of an inclination angle θ ∈ [0, π] measured from
the polar axis z and azimuth angle φ ∈ [−π, π] measured
counter-clock-wise in the x-y plane from the x axis.

In general, for a general plane wave, the pressure at any
position x may be computed only from the knowledge of
its direction of incidence Ω and its temporal variation
at any single position. Hence, the sound pressure in
the previously considered sound source free area may
be exactly reconstructed from only the knowledge of the
time-domain signature function (see e.g. [7, Sec. 2.1] for
naming)

c (t,Ω) = pGPW (t,x,Ω)|x=0 (2)

describing the temporal variations in the coordinate
origin of general plane waves impinging from all possible
directions Ω.

According to the original HOA definition mentioned at
the beginning of the section, the individual HOA signals
am

n (t) are obtained by

am
n (t) :=

∫

S2

c (t,Ω)Sm
n (Ω) dΩ, (3)

where Sm
n (·) denotes a real valued Spherical Harmonics

function of order n and degree m, of which an exemplary
definition is given in the appendix.

The complete set of HOA signals cm
n (t) with order index

n ≤ N and degree indices m with |m| ≤ n constitutes
the actual HOA sound field representation of order N ,
which may be compactly written by a single vector

a(N) (t) =
[
a0
0 (t) a−1

1 (t) a0
1 (t) a1

1 (t) . . . aN
N (t)

]T
.

(4)

Here, the position index of a HOA coefficient signal am
n (t)

within the vector a(N) (t) is here chosen according to the
so-called Ambisonics Channel Number (ACN) convention
(see [2, Sec. 3]) by n (n + 1) + m + 1.

More specifically, in case the sound field is given by a
single general plane wave with direction of incidence Ω0

and actual signal x0 (t), i.e.

c (t,Ω) = x0 (t) · δ (Ω − Ω0) , (5)

where δ (·) denotes the Dirac delta distribution, the
corresponding HOA signals are determined by

am
n (t) = x0 (t) · Sm

n (Ω0) , (6)

which can be comprehended by substituting (5) into (3).

Note that this expression is typical for practical litera-
ture, which often interprets HOA from the point of view
of a synthesis (also referred to as encoding) of a sound
field from a combination of different individual general
plane waves (see e.g. [3, Eq. (3.6)], [8, Eq. (3.7)]).

Expansion-based interpretation
Besides the presented original HOA definition, there is an
alternative, however in general incorrect, interpretation
which is based on the expansion of the time-domain
signature function c (t,Ω) into the series of Spherical
Harmonics according to

c (t,Ω) =
∞∑

n=0

n∑

m=−n

cm
n (t)Sm

n (Ω) . (7)

Due to practical reasons, the series is usually truncated
at a certain order N , which leads to a spatially band-
limited approximation

cN (t,Ω) =

N∑

n=0

n∑

m=−n

cm
n (t)Sm

n (Ω) . (8)

According to the alternative interpretation, the actual
weights cm

n (t) of the truncated series, regarded as func-
tions over time, are considered as HOA signals. As
already mentioned in the introduction, this misinterpre-
tation is not far fetched, but has indeed accidentally
appeared in the original specification of the Ambix
format (see [4, Eq. (4)]).

A plausible reason for the misinterpretation might be the
equivalence of the original definition and the alternative
interpretation in the case of orthonormal Spherical Har-
monics, i.e.

am
n (t) = cm

n (t) for Em
n = 1, (9)

where

Em
n =

∫

S2

|Sm
n (Ω)|2 dΩ. (10)

This can be concluded from the further explanations
resulting in (12).

In general, given the time-domain signature function, the
expansion weights may be computed by

cm
n (t) =

1

Em
n

·
∫

S2

c (t,Ω)Sm
n (Ω) dΩ, (11)
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which is derived from (7) by exploiting the orthogonality
of the Spherical Harmonics (see (31) in the appendix).
From a comparison of (11) with (3) it can be seen that the
expansion based interpretation differs from the original
definition by a factor of 1

Em
n

, i.e.

cm
n (t) =

1

Em
n

· am
n (t) . (12)

As a consequence, in general, the weights of the truncated
Spherical Harmonics expansion of the time-domain sig-
nature function do not directly represent the originally
defined HOA signals, but instead only a scaled version
thereof, which is reflected by (12). Most importantly,
the scaling factors 1

Em
n

are dependent on the order

n and degree m in general, though for most of the
practically relevant normalization schemes there is only
a dependency on the order (e.g. 1

Em
n

= 2n+1
4π in the case

of SN3D normalization [3, Tab. 3.3]).

A particularly worth noting result is that the time
domain signature function from (8) is expressed by means
of original HOA signals am

n (t) as follows:

cN (t,Ω) =

N∑

n=0

n∑

m=−n

am
n (t)

Em
n

· Sm
n (Ω) . (13)

Effects of misinterpretation
Due to the already mentioned general dependency of
the scaling factors 1

Em
n

on the order and degree, a

misinterpretation does not only affect a global scaling of
the signature function to be represented, but in general
leads to a change of its shape. This effect is visualized
by means of an example in the following.

Let us for simplicity assume that the time domain
signature function of a sound field is given by a special
first order pattern, namely a cardioid pointing in the
direction of the z-axis, multiplied by an arbitrary time-
domain signal x0 (t), i.e.

c (t,Ω) = c1 (t, (θ, φ)) = (1 + cos (θ)) · x0 (t) . (14)

Its directional component is illustrated in Fig. 1.

Taking the real-valued SN3D normalized Spherical Har-
monics as defined in the appendix, i.e.

S0
0 ((θ, φ)) = 1 (15)

S−1
1 ((θ, φ)) = sin (θ) sin (φ) (16)

S0
1 ((θ, φ)) = cos (θ) (17)

S1
1 ((θ, φ)) = sin (θ) cos (φ) , (18)

as basis functions for the SH expansion of the signature
function results in the following expansion weights:

c0
0 (t) = 1 · x0 (t) (19)

c−1
1 (t) = 0 (20)

c0
1 (t) = 1 · x0 (t) (21)

c1
1 (t) = 0. (22)

Figure 1: Directional component of original time domain
signature function defined in (14) (cardioid), presented by
means of a balloon plot

Now let us imagine someone receives these wrongly
normalized signals and interprets them as a first order
Ambisonics representation based on SN3D normalized
Spherical Harmonics and ACN ordering, i.e.

cm
n (t)

!
= am

n (t) for n ≤ 1, |m| ≤ n. (23)

Consequently, by applying (13) to evaluate the time
domain signature function and considering that Em

n =
4π

2n+1 for SN3D normalization, the misinterpretation

leads to the following result instead of (14)

c(MISINT) (t, (θ, φ)) =
a0
0 (t)

E0
0

· S0
0 ((θ, φ)) +

a0
1 (t)

E0
1

· S0
1 ((θ, φ))

(24)

=
1

4π
(1 + 3 · cos (θ)) · x0 (t) , (25)

of which the directional component is shown in Fig. 2.

Figure 2: Directional component of misinterpreted time
domain signature function from (25)

From a comparison of Fig. 1 and Fig. 2 it can be seen
that the misinterpretation does not only affect the global
amplitude of the time domain signature function, but in
particular also its shape.
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Discussion
From the point of view of the author, the above-
mentioned problem of misinterpretation of an HOA
sound field representation is definitely serious. This can
be seen from the fact that even the well experienced
authors of the Ambix format specification fell victim
to it. Presumably, they might have been mislead by
the consistency of the incorrect interpretation with the
original HOA definition for the case of orthonormal
Spherical Harmonics.

The most problematic aspect about a misinterpretation
of a given HOA representation is that, unfortunately, it
cannot even be identified in the absence of a reference
sound field to compare with. Hence, in the most cases
the developers or users of HOA software tools won’t even
be aware of any misinterpretation.

The central reason for the existence of a potential of
misinterpretation is that the above-mentioned relations
between the signature function, representing the consid-
ered sound field, and the HOA signals are not pointed
out clearly enough in the existing literature for arbitrary
Spherical Harmonics normalization schemes, at least not
to the best knowledge of the author. A single commonly
accepted, concise description of that relationship, similar
to that in this document, is hence urgently needed. As
long as such a description is missing, each individual
manufacturer of HOA tools is well advised to add
it explicitly to the documentation, in order to avoid
potential misinterpretations.

Conclusion
The paper makes aware of a serious potential of misinter-
pretation of HOA sound field representations. It hence
presents a thorough definition of HOA signals, before
elaborating on an alternative, plausible seeming but in
general incorrect, interpretation, of which the effect is
visualized by means of an exemplary sound field. The
central message is that a misinterpretation does not only
affect a global scaling, but instead changes the shape of
the signature functions, and thus of the sound field. As
long as there is no commonly accepted document which
can be referred to thoroughly define the relationship
between the sound pressure and HOA signals assuming
a particular Spherical Harmonics normalization scheme,
the author recommends to add such a description to the
documentation of commercially available HOA tools. In
such a way the interoperability of all the tools should be
substantially improved.
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Appendix

Definition of Spherical Harmonics

One prominent, but not exclusive, definition of complex-
valued Spherical Harmonics Y m

n (·) quoted from [9, Ch.
6.3.3] is given by

Y m
n (θ, φ) = N m

n · Pm
n (cos θ) · eimφ, (26)

with N m
n being an order and degree dependent nor-

malization factor. Further Pm
n (·) denote the associated

Legendre functions, which are defined by

Pm
n (x) = (−1)m ·

(
1 − x2

)m/2 dm

dxm
Pn (x) , m ≥ 0

(27)

by means of the Legendre polynomials Pn (·) (see [9, Ch.
6.3.2] ).

One possible definition of real-valued orthonormal Spher-
ical Harmonics Sm

n (·) is given by (see [10, Eq. (7)])

Sm
n (θ, φ) =





(−1)m√
2

(Y m
n (θ, φ) + (Y m

n (θ, φ))∗) for m > 0

Y m
n (θ, φ) for m = 0
i√
2

(Y m
n (θ, φ) − (Y m

n (θ, φ))∗) for m > 0

,

(28)

where (·)∗ denotes complex conjugation. Using the symmetry
property of the complex valued Spherical Harmonics (see [9,
Eq. (6.44)] [11, Eq. (3.54)])

Y −m
n (θ, φ) = (−1)m (Y m

n (θ, φ))∗ (29)

the real-valued orthonormal Spherical Harmonics may be
reformulated as

Sm
n (θ, φ) = Nm

n · P |m|
n (cos θ) · (−1)m

·





√
2 cos (mφ) for m > 0

1 for m = 0

−
√

2 sin (mφ) for m < 0

. (30)

Both of the above defined complex-valued and real-valued
Spherical Harmonics are orthogonal, i.e.

∫

S2

Y m
n (Ω)Y m′

n′ (Ω) dΩ =

∫

S2

Sm
n (Ω)Sm′

n′ (Ω) dΩ

= δn,n′δm,m′ · Em
n , (31)

where δ·,· denotes the Kronecker delta and Em
n indicates the

squared norm of Sm
n (·). In case the normalization factor is

chosen according to

Nm
n =

√
(2n + 1)

4π
· (n − |m|)!
(n + |m|)! , (32)

both versions of the above defined Spherical Harmonics are
even orthonormal, i.e. Em

n = 1 (see e.g. [9, Eq. (6.45)]) for
the complex-valued version).
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Editing Ambisonic Sound Scenes
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Abstract

The Higher Order Ambisonic (HOA) technology is now more popular than ever, thanks to the rise of immersive media.
In particular, it is considered to be well suited for accompanying 360◦ videos and has been adopted by leaders of
the sector. However, from an audio content production perspective, some fundamental operations remain difficult to
perform in the HOA framework. In this paper, we focus on the challenge of editing HOA sound scenes, by which we
mean amplifying or attenuating sound for specific directions, or extracting the sound incoming from a given direction
and moving it to another direction, while keeping the rest of the HOA scene constant. We first describe an algorithm
for editing HOA sound scenes, which is based on a plane-wave decomposition. The performance of this algorithm
and, more specifically, the effect of applying such transformations on directions that are not under consideration are
assessed through numerical simulations. In particular, we examine issues arising when editing HOA sound scenes
recorded with a microphone array: in this case, the quality of the HOA signals varies as a function of the frequency.
We show that such issues can be partially circumvented by taking into account the effective order of the HOA scene
in given frequency bands.

Introduction
With the recent enthusiasm for immersive media such as
360◦ videos and VR, the question of 3D audio formats
and frameworks is receiving a lot of attention. Among
the different formats available, Ambisonics (in which we
include first and higher-order Ambisonics) seems well
suited for immersive audio experiences in which the user
can look in the direction he or she wishes. One of
the main advantages of Ambisonics in this regard is
the ability to record 3D audio scenes using microphone
arrays. As the format becomes more widely used, there
is a growing need for tools and algorithms that make
recording and mixing ambisonic sound easier for audio
professionals.

For decades, sound engineers and technology providers
have been perfecting recording and mixing techniques
that are targeting channel-based audio formats, i.e.,
formats whereby each channel is to be played back by a
loudspeaker located in a specific direction. By contrast,
there has been relatively little effort in designing methods
for scene-based audio formats, among which Ambisonics.
This is partly due to the fact that such formats are
relatively recent, but also to the inherent difficulty of
manipulating multichannel audio scenes in which the
different signals do not correspond to a direction in
particular.

In this paper, we focus on the problem of editing
ambisonic sound scenes. By editing, we mean operating
transformations that modify the audio scene locally, as
follows: for one or several directions in space, increase
or decrease the gain, or extract the corresponding signals
and move them to other directions in space, while keeping
the rest of the scene unchanged. This type of transforma-
tions could be used to adjust the balance between musical
instruments or suppress undesired sources of noise, for
instance. We propose a flexible editing framework which
allows to adapt to the content of the sound scene.
Because editing is of particular interest in the case of

recorded ambisonic scenes, we also investigate the impact
of applying spatial transformations to ambisonic signals
that vary in order across frequencies.

The paper is organized as follows. First, we recall
the basics of the Ambisonic theoretical framework and
introduce mathematical notations. We then introduce
the concept of ambisonic sound scene transformation and
briefly survey existing algorithms. Next, we describe
our approach for editing ambisonic sound scenes and
illustrate the method with simulation results. Last, we
study the influence of encoding errors on the outcome of
transformations carried out using our approach.

Theoretical background
We begin with a brief recall of the Ambisonic mathe-
matical framework. The underlying idea of Ambisonics
is that the sound field can be decomposed into a series
of spherical harmonic functions. In other words, the
sound pressure can be described by a set of time signals,
referred to as ambisonic signals, which correspond to the
series coefficients. In the following, we consider what
we refer to as ambisonic sound scenes, which consist of
every ambisonic signal up to a given order, L. Three-
dimensional ambisonic sound scenes consist of (L + 1)2

signals, while two-dimensional scenes consist of 2L + 1
signals.

In the presence of a single plane wave incoming from
direction (θ, ϕ), where θ denotes the elevation angle and
ϕ denotes the azimuth angle, the vector of ambisonic
signals is given by:

b(t) = y(θ, ϕ) s(t) , (1)

where s(t) is the plane-wave signal and y(θ, ϕ) is the
vector of the spherical harmonic function values for
direction (θ, ϕ), i.e.:

y(θ, ϕ) =
[
Y 0
0 (θ, ϕ), Y −11 (θ, ϕ), . . . , Y LL (θ, ϕ)

]T
, (2)

where Y ml is the real-valued spherical harmonic function
of order l and degree m, and (·)T denotes the matrix
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transpose operation. For simplicity, in the following
we consider 2D ambisonic scenes, however the ideas
presented in this paper can easily be transposed to 3D
formats. In the case of a fourth-order ambisonics sound
scene and using the “N2D” normalization [2] y(θ, ϕ) is
given by:

y(θ, ϕ) =
[
1,
√

2 cos(ϕ), . . . ,
√

2 sin(4ϕ)
]T

. (3)

Assuming the sound scene consists of N plane waves, the
ambisonics signals are therefore given by:

b(t) = Y s(t) , (4)

where:

Y = [y(θ1, ϕ1), y(θ2, ϕ2), . . . , y(θN , ϕN )]

s(t) = [s1(t), s2(t), . . . , sN (t)]
T

. (5)

Related work
In the following we focus on how to apply spatial
transformations to ambisonic sound scenes. By spatial
transformations, we mean changing the directions and/or
the gains of the sound sources that constitute the
ambisonic sound scene, either together or independently
from each other. In order to reduce the scope of this
paper we consider only linear transformations, that is,
transformations that are obtained by multiplying the
vector of ambisonic signals with a transformation matrix,
as given by:

b̂(t) = T b(t), (6)

where b̂(t) denotes the vector of the resulting trans-
formed ambisonic signals, and T is the transformation
matrix.

Basic ambisonic transformations
Spatial transformations can take various forms depending
on the desired effect. The earliest and most basic spatial
transformations to have been studied in the context
of ambisonic audio are rotations and forward/backward
dominance. Applying a rotation to an ambisonic sound
scene simply displaces every sound source by a given
angle around an axis, without modifying their gain. This
is particularly useful when rendering ambisonic signals
over headphones with the help of a head-tracking device,
or when changing the viewing direction in a 360◦ video.

Any rotation can be expressed as the combination of
rotations around the axes Ox, Oy and Oz. Therefore,
any matrix operating a rotation of the ambisonic scene
can be expressed as:

R(α, β, γ) = Rz(γ) Ry(β) Rx(α), (7)

where α, β and γ denote the roll, pitch and yaw angles,
respectively, and matrix Ru(·) operates a rotation around
the axis Ou. Another remarkable property of ambisonic

rotation matrices is that they present a diagonal-block
structure. In other words, we have:

R(α, β, γ) = diag (1, R1, R2, . . . , RL) , (8)

where Rl is the matrix that operates the rotation of
the ambisonic signals of order l and diag(·) denotes the
operation of concatenating matrices along a diagonal.
In the particular case of a 2D, order-4 ambisonic scene,
matrix Rz(γ) is given by:

Rz(γ) = diag (1, Rz1, Rz2, Rz3, Rz4) (9)

where Rzl is given by:

Rzl =

[
cos(lγ) − sin(lγ)
sin(lγ) cos(lγ)

]
. (10)

The effect of the forward/backward dominance transfor-
mation [3] is somewhat more complicated to describe
than that of the rotation, as it modifies the direc-
tions and gains of the sound sources jointly. For a
three-dimensional first order HOA scene (B-format), the
forward/backward dominance transformation matrix is
given by:

D(λ) =




1 λ√
2

0 0

λ
√

2 1 0 0

0 0
√

1− λ2 0

0 0 0
√

1− λ2


 . (11)

where −1 ≤ λ ≤ 1 is the parameter controlling the
direction and intensity of the effect. For 0 < λ ≤ 1,
matrix D(λ) operates a forward dominance effect on the
scene. The gain of the sources located at the front is
increased while that of the sources located at the back
is decreased. Simultaneously, the sound sources move
towards the front, which results in a narrower frontal
image. For −1 ≤ λ < 0 the opposite effect is obtained.
Note that, in the form described here, this transformation
can be applied to first-order ambisonic scenes only.

Kronlachner’s framework for spatial
transformations
Although rotations and forward/backward dominance
constitute two useful transformations, they offer very
little flexibility. In [5] and [4] Kronlachner described
a general framework for spatial transformations of am-
bisonic sound scenes. The starting point of the method
is that an ambisonic sound scene can be decomposed over
a basis of plane-wave sources. The gain and directions
of the sources can then be modified depending on the
desired effect. Lastly, the sound sources can be re-
encoded to obtain the transformed ambisonic scene.
Mathematically, the calculation of the transformation
matrix can be expressed as follows:

T = Y′ diag(g) pinv(Y), (12)

where Y and Y′ are the matrix of the spherical harmonic
coefficients for the original and transformed plane-wave

Ambisonics Hafsati et al.

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

83



-180 -120 -60 0 60 120 180

Azimuth [deg.]

-0.2

-0.1

0

0.1

0.2

0.3

0.4

0.5

B
e

a
m

p
a

tt
e

rn
s

Figure 1: Beampatterns corresponding to the plane-wave
decomposition of a two-dimensional, 4-th order ambisonic
scene implied in using Kronlachner’s spatial transformation
method.

directions, as defined in Eq. (5), and g is the vector of
the gains applied to the plane-wave directions.

The main interest of this method is that it can be
used to operate a great variety of transformations. As
an example, the framework described by Eq. (12) can
be used to calculate ambisonic sound scene rotation
matrices. This can be done by setting all gains in vector g
to 1 and applying the desired rotation to the plane-wave
directions. Similarly, a dominance effect can be obtained,
including for ambisonic orders greater than one, by
setting the gains and plane-wave directions appropriately.
Another possible application of this framework is the
directional loudness effect, where the gain is modified for
a given angular sector.

Limitations of Kronlachner’s approach
The method proposed by Kronlachner provides a flexible
framework for spatial transformations of ambisonic sound
scenes. However, it has one important limitation: it does
not allow very local modifications of the scene such as
extracting the signals corresponding to a given angular
sector and moving it to another direction. This is due
to the plane-wave decomposition expressed by matrix
pinv(Y) in Eq. (12), the resolution of which is inherently
limited by the order of the ambisonic scene.

Consider a two-dimensional, fourth-order ambisonic
sound scene. In [5], the authors recommend the use of a
plane-wave basis with about twice as many directions as
there are ambisonic signals, thus we need to sample the
circle every 20◦ (18 plane-wave directions). Applying
matrix pinv(Y) to the ambisonic signals amounts to
forming 18 beams towards every plane-wave direction.
The resulting beampatterns are illustrated in Figure 1.
The issue is that the directive beams overlap each other
much. Hence changes in the gains and directions of the
different plane waves can have unexpected effects.

Let us assume that the intended transformation consists
in displacing the sound incoming from the front direction
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Figure 2: Spatial analysis of an ambisonic sound scene before
and after attempting to move a sound source from the front
(ϕ = 0◦) to the left (ϕ = 90◦). The transformation matrix
was calculated using Kronlachner’s framework with a basis of
18 plane wave directions.

to the left. To operate this transformation using Kro-
nlachner’s framework we simply set all gains to 1 and
move the plane-wave located in the direction ϕ = 0◦

90 degrees to the left. We also assume that the scene
is only comprised of one plane wave incoming from the
front direction, i.e., the original ambisonic signals are
given by:

b(t) = y(0, 0) s(t), (13)

where s(t) is the signal for the source located at the
front. In order to observe the result of the transformation
we analyse the content of the scene by projecting the
ambisonic signals on a basis of plane-waves. The sound
power estimated for direction (θ, ϕ), is given by:

p(θ, ϕ) = E

{(
1

2L+ 1
y(θ, ϕ)Tb(t)

)2
}
, (14)

where E {·} denotes the expectation value.

The resulting power values are plotted in Fig. 2. It
is clear from this figure that, although some of the
source energy was displaced from the front to the left,
a significant part of this energy remains in the original
source location. This is due to the overlap of the beams
steered in the directions of the plane waves. In this
particular case, the beams steered towards ϕ = −20◦

and ϕ = 20◦ capture a relatively large amount of the
source signal. Because these plane waves remain in their
original direction, they create a phantom source located
in the frontal direction.

Note that this effect depends on the resolution of the
plane-wave basis. Specifically, because the shape of
the directive beams is imposed by the order of the
ambisonic scene, the more plane-wave directions are
used for the decomposition, the more overlap there
is. Fig. 3 illustrates the results of applying the same
transformation as in the previous simulation but using a
basis of 12 plane waves (30◦ resolution). Although the
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Figure 3: Spatial analysis of an ambisonic sound scene before
and after attempting to move a sound source from the front
(ϕ = 0◦) to the left (ϕ = 90◦). The transformation matrix
was calculated using Kronlachner’s framework with a basis of
12 plane wave directions.

results are better than with 18 plane waves, a significant
part of the source energy is still noticeable in the front
direction. As well, note that this result is made possible
by the fact that the source to be displaced is located in
the same direction as one of the plane waves, and would
not be possible otherwise.

Editing Ambisonics Sound scenes

Our Approach to ambisonic scene spatial
transformations
In the previous section we have shown that the approach
proposed by Kronlachner provided some flexibility in
terms of spatial transformations, but did not allow to
modify source gains or directions very locally. This is
primarily due to the separation of the ambisonic signals
into plane-wave signals inherent to this framework. In
this section we propose a novel approach that provides
ways to circumvent this problem.

The main idea of our approach is to improve the separa-
tion of sound sources. This is done by defining a number
S of directions of interest in the plane-wave basis in which
sources are expected (or known) to be located. For each
direction of interest we estimate the corresponding source
signal, ŝi(t), with the following formula:

ŝi(t) =
yT(θi, ϕi)

(
YΩYT

)−1
b(t)

yT(θi, ϕi) (YΩYT)
−1

y(θi, ϕi)
(15)

where Y is the matrix of the spherical harmonic coef-
ficients for a basis of N plane-wave directions regularly
distributed around the circle (or sphere in 3D) and Ω is
a diagonal matrix of weights assigned to the plane-wave
directions:

Ω = diag(w)

w = [w1, w2, . . . , wN ] (16)

One can think of different schemes for choosing the
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Figure 4: Beampattern resulting from the application of
Eq. (15) for direction (0, 0) in the case of a 2D, 4th-
order ambisonic scene. In addition to the front direction
(indicated by the diamond marker), two directions of interest
were defined at azimuths 30 and 250◦ (indicated by square
markers). The beamformer was calculated using a basis of 36
evenly distributed plane waves.

weights wi. As our point is to separate sound sources
of interest from each other, in the following we assign
the weights as follows:

wi =

{
1 if (θi, ϕi) is a direction of interest,

1
N−S otherwise.

(17)

This choice of weights results in beampatterns that
separate the sources of interest from each other while
maintaining reasonable sidelobes. An example of beam-
pattern obtained with this method is illustrated in Fig. 4:
the gain of the beampattern is 1 in the direction of
interest but it is nearly zero in the directions of the two
other sources. As well, assigning small weights to the
remaining directions ensures that the secondary lobes are
relatively small.

After the signals have been estimated for the directions
of interest, the contribution of these directions to the
ambisonic signals is calculated and subtracted to obtain
the residual signals bres(t):

bres(t) = b(t)−
S∑

i=1

y(θi, ϕi) ŝi(t). (18)

The desired transformation is then obtained by applying
gains to the extracted source signals, changing their
direction and recombining the ambisonic signals, as
follows:

b′(t) = bres(t) +

S∑

i=1

gi y(θ′i, ϕ
′
i) ŝi(t), (19)

where (θ′i, ϕ
′
i) denotes the direction of the i-th source

direction after transformation. The complete transfor-
mation method is summarized in a flow diagram in Fig. 5.

Note that, in mathematical terms, the proposes trans-
formation still consists in applying a matrix to the input
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Figure 5: Flow-diagram representation of our ambisonic sound scene editing method.

ambisonic signals. Indeed, from Eqs. (18) and (19) we
have:

b′(t) = b(t) +

S∑

i=1

[ gi y(θ′i, ϕ
′
i)− y(θi, ϕi) ] ŝi(t),

= b(t) +

S∑

i=1

[ gi y(θ′i, ϕ
′
i)− y(θi, ϕi) ] fTi b(t)

=

(
I +

S∑

i=1

[ gi y(θ′i, ϕ
′
i)− y(θi, ϕi) ] fTi

)
b(t).

(20)

where I is the identity matrix and fi is the vector
of the beamforming weights used to extract the signal
corresponding to the i-th direction of interest:

fTi =
yT(θi, ϕi)

(
YΩYT

)−1

yT(θi, ϕi) (YΩYT)
−1

y(θi, ϕi)
. (21)

Therefore, the transformed ambisonic signals can be
expressed as:

b′(t) = T b(t), (22)

where the transformation matrix T is given by:

T = I +

S∑

i=1

[ gi y(θ′i, ϕ
′
i)− y(θi, ϕi) ] fTi . (23)

Numerical simulations
In order to demonstrate the effectiveness of our ap-
proach, we now present the results of simple numerical
simulations. We consider a two-dimensional, 4th-order
ambisonic scene consisting of 3 sound sources with a
background of diffuse noise. The original ambisonic
signals are calculated as follows:

b(t) =

3∑

i=1

y(θi, ϕi) si(t) + ν(t), (24)

where:

• The sources are located in directions ϕ = 0, 60 and
250◦.

• The source signals, si(t), are uncorrelated Gaussian
white noise signals with equal variances.

• The diffuse noise ambisonic signals, denoted by
vector ν(t), also consist of uncorrelated Gaussian
white noise signals with equal variances. The power
of the noise signals is set such that it is equal to the
power of the ambisonic signals corresponding to one
of the sources.

The intended scene transformation consists in moving
the source located at azimuth 60◦ to azimuth 120◦, and
reducing the gain of the source located at azimuth 0◦ by
10 dB. We calculate the target ambisonic signals, that is,
the signals we would obtain if the transformation worked
exactly as intended, as follows:

btarget(t) =

3∑

i=1

y(θ′i, ϕ
′
i) gisi(t) + ν(t), (25)

where ϕ′i = 0, 120, 250◦ and gi = 10−
1
2 , 1, 1.

We compare the results obtained when calculating the
transformation matrix T using Eq. (12) with that ob-
tained using Eq. (23). In both cases, we observe
the projection of the initial, target and transformed
ambisonic signals over a basis of plane waves, similar to
the data illustrated in Figs. 2 and 3.

Figure 6 illustrates the results obtained when using
Kronlachner’s transformation method. Athough some of
the energy of the source located at ϕ = 60◦ is displaced
to the target direction, ϕ = 120◦, a significant part of
this energy remains in the original direction. As well,
the energy of the source located in ϕ = 0◦ has decreased
by about 5 dB instead of the intended 10 dB.

By contrast, we see in Figure 7 that the method proposed
in this paper results in ambisonic signals that are much
closer to the target. The energy of the source located at
ϕ = 60◦ has been displaced to ϕ = 120◦ almost entirely
and the sound power observed in direction ϕ = 0◦

decreased by about 10 dB, as expected. Note that the
differences observed between the target and transformed
scene are caused by the presence of a diffuse noise
background.
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Figure 6: Spatial analysis of a 2D, 4th-order ambisonic scene
before and after applying a tranformation using Kronlachner’s
approach. The arrows indicate the intended changes in the
scene.
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Figure 7: Spatial analysis of a 2D, 4th-order ambisonic scene
before and after applying a tranformation using the method
presented in this paper. The arrows indicate the intended
changes in the scene.

Editing ambisonic scenes acquired
with a microphone array
In the preceding sections, we have implicitly assumed
that the ambisonic signals to be edited or transformed
were ideal, i.e., that these signals had been encoded with
no error or artifact. In practice, ambisonic signals are
often acquired using microphone arrays such as spherical
arrays, which leads to errors [6, 1]. In this section
we examine the consequences of applying ambisonic
spatial transformation methods to signals acquired using
microphone arrays.

Acquiring ambisonic signals with microphone arrays
results in two main issues. At high frequencies, the
distance separating the microphone capsules induces
spatial aliasing. At low frequencies, the small dimension
of the array with regard to the wavelength makes it
very difficult to acquire the signals corresponding to
the higher-order spherical harmonics. This means that
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Figure 8: Beampatterns resulting from applying Eq. (15)
with L = 4 when the effective ambisonic order is (from left to
right and top to bottom): 1, 2, 3 and 4.

the effective order of ambisonic scenes recorded with
microphone arrays varies as a function of the frequency.
For example, using the mh Acoustics’ Eigenmike to
acquire order-4 ambisonic signals, we obtain ambisonic
signals with the following effective orders L̃ (with typical
encoding filters)[1]:

• L̃ = 1 below 300 Hz.

• L̃ = 2 between 300 and 1300 Hz.

• L̃ = 3 between 1300 and 2200 Hz.

• L̃ = 4 above 2200 Hz.

The consequences of the ambisonic signals having a
lower order than expected can be simulated by simply
truncating the vector of ambisonic signals to the desired
order value. In Figure 8 we have plotted beampatterns
resulting from applying Eq. (15), assuming that the order
is equal to 4 when the effective order is equal to 1, 2, 3
and 4. Two main observations can be made. First, when
the effective order is lower than the order value used for
calculating the transformation matrix, the beamformer
gain in the direction of the source under consideration
(located at ϕ = 0◦ in this case) is lower than 1.
Specifically, the lower the effective ambisonic order, the
lower the gain in the direction of the source to be
extracted. Second, when the effective order is lower than
the order value used for calculating the transformation
matrix, some sidelobes might occur in the directions of
the other source directions. In summary, a mismatch
between the value of the effective ambisonic order and
that used for applying the transformation results in the
sources being poorly separated from each other.

One possible way to avoid this problem is to process
the ambisonic signals in separate frequency bands. For
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Figure 9: Beampatterns resulting from applying Eq. (15)
with L = 1, 2, 3, and 4 when the effective ambisonic order is
(from left to right and top to bottom): 1, 2, 3 and 4.

each band, the transformation matrix can be calculated
as a function of the effective ambisonic order. Figure 9
illustrates beampatterns obtained when varying the order
value in Eq. (15). We see that the gain in the direction
ϕ = 0◦ is equal to one in every case, while it is very small
in the two other source directions, with the exception of
the beampattern obtained when L = 1. This is due to the
fact that, when L = 1, there are as many sources as there
are ambisonic signals. Lower gains could be obtained in
the directions of the other sources, but it would be at the
cost of larger sidelobes.

Conclusion
In this paper we have investigated how to spatially
transform ambisonic sound scenes, so as to displace
sound sources within the scene or modify their gain.
We have proposed a framework for applying such trans-
formations, which shares common characteristics with
the approach previously proposed by Kronlachner. The
main difference between these two methods is that we
propose to separate the signals incoming from particular
directions were sound sources are expected (or known)
to be located. This enables us to manipulate ambisonic
scenes in a way that would otherwise not be possible
given their inherent spatial resolution.

Of course, such transformations can be performed only
if the positions of some of the sound sources constituting
the scene are known. In this respect, the consequences of
a mismatch between the assumed and actual positions of
the sound sources remain to be investigated. As well,
other separation methods than that presented in this
paper can be envisioned.
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Abstract 
This article demonstrates in a practical approach the challenges to mix sounds and create masters in a 360º environment (for 
VR videos). The research experiments and the conclusions were made during the time of implementation of spatial sound 
design on the studios of the immersive video company yondr2 (Belgium). This article is based on four different projects, each 
one with different needs (live-action, video with voice over and/or stereo soundtrack, animation and others). The author 
divided this study in three parts. In the first part the author discuss the different methods to record, regarding the Ambisonic 
master, and the problems to work with a non-acousmatic source of audio. The second part is focused on the mid-side 
paradigm and its comparisons with Ambisonic paradigms. In the second part there is an overview at some of the main 
software solutions currently available to work with Ambisonic and the workflow within different Ambisonic orders as well. 
The third part is an in-deep analysis of the four projects and its mixing particularities in Ambisonic space, the work with 
limiters, compressors and volume affecting effects and the different mastering process and practical implications of each 
master. At the end will have proposals for new approaches to the Ambisonic mastering process. 

 

 

Introduction 
With the development of head-mounted displays (HMD) 
such as Oculus Rift3, HTC VIVE4 and Play Station VR5, the 
virtual reality (VR) and augmented reality (AR) industry are 
growing exponentially. Since the middle of 2016 3D audio 
playback in 360º videos took a big step because of the 
adoption by big labels as Google (with Jump Inspector6 and 
YouTube7) and Facebook (with the Spatial Workstation8 and 
the possibility to playback 3D audio on Facebook itself). 
Logically, 3D audio mastering and by extension the 
mastering in an Ambisonic environment gained a big 
increase of interest by sound designers and sound 
technicians.   

Along with the video technologies for 360º several audio 
technologies for the same medium pop up. Since immersive 
videos give the viewer a feeling of being present on the 
environment that is being filmed, audio for 360º videos and 
immersive medias in general follows the same principle. 
With these needs on the table, the audio industry 
experimented an exponential increase of interests in audio 
technologies for spatial audio, most notably Ambisonic 
audio. The main reason for choosing Ambisonic audio 
technology is because it offers a sound picture of the 
environment, giving the ability to manipulate this picture 
depending on the needs. On this matter Ambisonic audio 
differs from other technologies for surround sound as 
discrete channels, 

The Ambisonic format audio proposes a new paradigm for 
sound designers, which brings some big advantages 
compared with the discrete channel paradigm. When discrete 
channel is being used, the sound designer is always mixing 
the sounds thinking on the configuration of the system (5.1, 
7.1) instead the think about a spatial environment. With the 
advancing of VR video systems the discrete channel 
configuration stop to make sense, since it was necessary a 

paradigm of sound that describes an environment, not just 
some points on this environment. 

At yondr the implementation of Ambisonic audio on the 
360º videos started at the end of 2016. The first steps of the 
implementation was the research about software packages, 
plugins, and supported platforms for playback 360º video 
with spatial audio for the end consumers. 

As for the software, Reaper9 demonstrates to be the best 
option for the purposes of sound design that the company 
wants to implement. The first bundle of plugins chosen for 
the spatialization of the sound was the Ambix10, by Matthias 
Kronlachner, that could be used with 1st order Ambisonic (in 
Ambix11 format) and then rendered for playback on 
YouTube (that at the time only supported 1st order 
Ambisonics and was the main platform for 360º videos 
playback with spatial audio). Soon after the implementation 
and the first trials with this configuration Facebook acquired 
the company Two Big Ears and developed Facebook Spatial 
Workstation12 (FSW). After that the Samsung Gear VR13 
was updated and started to accept the mixing that comes 
from the Facebook plugins for Spatial Audio. 

Because of the fact the Facebook bundle became the 
standard for playback in one of the main portable devices for 
VR videos (the Gear VR) yondr adopted this bundle as 
plugins for the spatialization. From the projects that will be 
analysed in this paper, one was made with the Ambix and 
ATK14 plugins and the other three with the FSW. 

Creating Spatial Sound 
Yondr creates only spatial audio content to be used video 
content. So the first investigation was how to fit the audio, 
recorded in loco, with all the needs of the video. During the 
research process we thought that the Ambisonic 
microphones as TetraMic15 and Sennheiser Ambeo16 could 
be a good solution, but when the way of producing the 
videos was take in account the Ambisonic-recording option 
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was left behind and it was chose to record the audio in the 
normal way (single cardioid microphone) and spatialize in 
postproduction. Out of these four projects, one was a 3D 
animation, so it didn’t have any audio to be recorded on set 
and all the audio had to be produced during the edition 
phase. The other three projects were recorded using one 
single camera mounted in a panoramic head (or two cameras 
on the panoramic head, in case a stereoscopic video had to 
be produced). On the consumer and professional market 
there are already several different cameras and camera rigs 
that allow the user to film the full 360º panorama, but on 
these projects, as the environments were controlled, we 
chose to make the videos with cameras that had better 
quality than the 360º rigs. On top of that the intention was to 
film all the videos from the non-parallax point, theoretically 
provided by just a panoramic head system, so all the video 
were made filming in different moments the different sides 
of the scene. To make the full panoramic image generally the 
camera filmed three or four times. When it filmed 3 times, 
each time was recorded a different 120º of the panorama and 
when it filmed 4 times, each time was recorded a different 
90º of the panorama. Since in none of the projects we 
recorded the full sphere on the same moment, we opted to 
record the sound in the same way. So each time the camera 
recorded one side of the panorama, we placed one cardioid-
patter microphone pointed to the same side. At the end, the 
number of audio files that were produced was the same as 
the video files. 

One paradigm that changed a little on the sound design of 
immersive videos was the off-screen17, or acousmatic 
paradigm. When making sound design to non-360º videos 
the off-screen sounds are generally used to support the 
narrative and create some tensions or call the attention for 
something that is about to happen. In 360º videos, this effect 
is many times lost, since there isn’t is an off-screen where 
it’s possible to place sounds. In all the projects made by 
yondr, just one (Honda) had an off-screen space, since it was 
filmed inside a hangar. Hence, some sounds of the outside 
could be heard, but it was not possible to see the exterior of 
the hangar. 

Mixed orders Ambisonic and 360º video 
 

Although the designated team to research the integration of 
spatial audio with 360º video had already experience with 
Ambisonic, this experience was for composition and audio 
recording purposes. It was never intended for sound design 
of video. So, when there was the necessity to find an 
approach about how to work with Ambisonic, the best 
comparison that was found was the comparison with the 
mid-side paradigm of stereo recording and mixing. The 
wideness of the stereo image, that in MS recording is much 
better than in XY recording, can be compared with the 
wideness of the full-sphere image of the Ambisonic. For 
channel tracking and mixing purposes, the first channel of 
the Ambisonic can be used in the same way of the mid-
channel of the MS recording as well.  

 

After our research and development of the sound design 
itself, the first tests have proven that the Ambix and the ATK 
bundle were the main tools to have the best results. The 
Ambix accepts until 7th order Ambisonics and the Focus, 
Press, Push, Zoom transformations of ATK plugins have 
more fidelity on the sound picture.18 

Yondr is not a sound studio, but a production company that 
produces VR videos and wanted to have an in-house solution 
for the audio. To have the most fluent workflow and release 
a final master of audio that could also support a video 
playback, we left the ATK and Ambix suite and used the 
Facebook Spatialiser for the development of our projects. 
Apart from that we selected the mcfx19 set, also by Matthias 
Kronlachner, as multichannel filter tools and for reverbs was 
used the WigWare20 plugins, by Bruce Wiggins.  

The Facebook Spatial Workstation produces a mixed order 
of Ambisonics. The final render that delivers the FSW is a 
Spatial 8-channels file and a Stereo file for the non-spatial 
sounds. The 8-channel file is a compressed file with a 
second order Ambisonic horizontal and a lower order full 
sphere. According to Farina, the reason to choose 8-channels 
file for final delivery was due to limitations of main DAW as 
the Pro Tools, still well accepted in main sound studios 
around the world. Also according to Farina, the channel 
order that produces the FSW merges channels 3 and 7 in 
order to, instead of the 9 channels of the 2nd order full sphere 
Ambisonics, keep an 8-channels file. The FSW also comes 
with encoder software, that in its version 2.0 allows the user 
to create videos for YouTube with 1st order Ambix, to mux 
audio and video on the final file and to create a .tbe file. The 
.tbe file is a compressed audio file used in some playback 
devices (e.g. Facebook itself). Table 1 shows a comparison 
among the 9 channels of a 2nd order Ambisonic file (with 
FuMa and ACN channel ordering), and the 8 channels from 
the .tbe file. 

 

The Facebook Spatial Workstation produces a mixed order 
of Ambisonics. The final render that delivers the FSW is a 
Spatial 8 channels file and a Stereo file for the non-spatial 
sounds. The 8-channel file is a compressed file with a 
second order Ambisonic horizontal and a lower order full 
sphere. According Farina (2017)21, the reason to choose 8-
channels file for final deliver was due the limitations of main 
DAW as the Pro Tools, still well accepted in main sound 
studios around the world. Also according Farina, the channel 
order that produces the FSW merge the channels 3 and 7 in 
order to, instead of the 9 channels of the 2nd order full sphere 
Ambisonics, keep an 8-channels file. The FSW also come 
with an encoder software, that in its version 2.0 allow the 
user to create videos for the YouTube with 1st order Ambix, 
to mux audio and video on the final file and to create a .tbe 
file. The .tbe file is a compressed audio file used in some 
playback devices (as the Facebook itself). The Table 1 
shows a comparison among the 9 channels of a 2nd order 
Ambisonic full sphere (with SN3D scaling and ACN channel 
ordering), and the 8 channels from the .tbe file. 
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Ambix TBE 

1 1 

2 2 

3 4 

4 3 

5 6 

6 7 

7 4 

8 8 

9 5 

Table 1: Comparison between Ambix and TBE channel orders22. 

The bundle of FSW comes with two plugins and two 
programs. The first plugin is used for spatialization itself, 
which comes with all the expected tools of a spatialization 
plugin (input selection, positioning, attenuation, room and 
reference graphics of positioning). The plugin also has some 
other features as video loading ability and Doppler. Figure 1 
shows the window of the plugin.  

 

 

Figure 1: Spatialiser plugin of the FSW.  

 

The second plugin of the bundle is made to be used as plugin 
in DAWs as well and is called Control. This plugin is used 
for binaural monitoring and also has all the common controls 
of room reflections, found in monitoring plugins. In 
addition, the plugin has a focus controller and controls to 
connect with video. Figure 2 presents the window of the 
Control plugin. 

 

 

Figure 2: Control plugin of the FSW.  

 

The last two software items of the FSW bundle are; the 
video player, a stand-alone that works as slave of DAW or 
stand-alone and is used for preview 360º videos, and the 
Encoder, a ffmpeg-based stand-alone application used to 
mux the 360º videos with the audio mix from the DAW. 
This stand-alone has the option to set the master in several 
configurations, including all the most common ones for 
playback (YouTube video with 1st order Ambix, Facebook 
360 Video and .tbe file).  Figure 3 presents the Video Player 
application.   

 

Figure 3: Video player of the FSW.  
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The Figure 4 shows the Encoder software. 

 

Figure 4: Encoder of the FSW.  

 

With the FSW, at the end of the process there is the 
possibility to master the sound in several configurations. At 
yondr we normally used the main configuration for playback 
with high-order Ambisonic (the 8-channel audio file plus 
stereo file), but on some projects there were several audio 
master tracks, they were:  
- 360 Master, a master track for all the spatial audio, 
connected with all the spatial tracks and with sends to the 
monitor track and other send to a 8-channel track;  
- the Stereo Master, a master for all the head-locked sounds, 
receiving from all the stereo tracks and connected with a 
send to the monitor and other send with the channels 1 and 2 
being routed to the channel 1 of the 8-channel track;  
- the 8-channel track, a master that creates all the sounds in 
just one Ambisonic file (on the mixed-order) and was used 
to create the 1st order Ambisonic masters or when it was 
necessary to upgrade to higher Ambisonic orders;  
- the monitor track, used for the binaural monitoring, 
receiving from the 360 Master and Stereo Master and send to 
the Master track of the project. The Master track was a 
Stereo track that was used when it was necessary to render 
audios for platforms that didn’t accept spatial audio. 

 

Implementation process of Spatial Audio 
 

The implementation process of Spatial Audio was developed 
during several projects. We analysed four of the most 
important examples about different purposes and needs. The 
projects treated here are real clients that asked for a 360º 
video advertisement piece:  

 

 

- Honda Civic 2017: This was the first project to 
have a Spatial Audio master. There was live action, 
that was spatialized, plus voice over and 
soundtrack, which were kept without spatialization. 
The spatial audio of this project was made with the 
Ambix suite and afterwards render with 1st Order 
Ambisonic for YouTube playback; 

- Exellys: This project consists of an animation. 
Being an animation, all the sounds and the 
spatialization process were developed in 
postproduction, with all the sounds recorded and 
processes in mono and spatialized at the end of the 
process. Further than all the foleys and ambiences 
that were produced for this project, there was also a 
voice over and soundtrack that were keep out of the 
spatial sound; 

- Meet Marcel:  This was the only project that used 
just spatialized sounds without head-locked audios. 
The sound was a live action with no voice overs or 
soundtracks; 

- KBC: The last of the four projects is a live action 
project with voice over and soundtrack. It was also 
the first one to be made completely on Reaper, the 
previews projects had the sounds processed in 
others DAWs (as Pro Tools or Audition) and were 
just spatialized on Reaper. Other particularity of 
this project was the fact that on this project it was 
possible to rotate the entire sphere, in conjunction 
with the rotation of the video.  

The projects 
 

The first project to use the goods of spatial sound in yondr 
was the project for the automotive company Honda, for the 
new Honda Civic 2017. Since all the video workflow of 
yondr projects is made inside the Adobe Creative Cloud 
Suite, the sound design of the video was also made on the 
software for audio edition of this bundle (Audition). Some 
foleys and noise that were added in postproduction were 
made in Pro Tools and then imported on Audition. The main 
particularity of this project it was a changing in the 
spatialization of the voice. In the video, there’s a host who 
introduces the new car inside a hangar. In scene 1 he 
presents the main aspects of the exterior of the car, then he 
invites the guests (the audience looking at the video in first 
person) to enter the car and discover the interior (scene 2). 
But right when the host invites the guests to enter, he doesn’t 
enter the car. There is just a camera movement and the 
camera alone enters the car, so the people just see a 
panorama of the interior of the empty car. At the end of this 
scene the host gets in the car and leaves with the car. The 
problem here is that it was necessary to spatialize the voice 
of the host in scene 1, when he presents the car. In scene 2, 
since we don’t have the host on screen anymore, his voice 
passes from spatialized to head-locked (voice-over) to then 
come back spatialized at the end, when the host enters on the 
car and leaves.  
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In the first version of the video, the voice was always 
spatialized, creating a strange feeling since in one of the 
scenes it was not possible to see the host (he was on the 
acousmatic zone), but the voice comes from a specific point 
of the scene. On the final version of the video this problem 
was solved and the voice over was head-locked on the first 
channel of the Ambisonic. Still on this project, there was a 
soundtrack that was head-locked as well.  

The project was completely made with Ambix and ATK 
toolkit. At the end the muxing process of audio and video 
was made with ffmpeg and the video was ready to be played 
back on YouTube. At first the video also could be played in 
the Samsung Gear VR with the spatial audio, but since 
January of 2017, after one of the upgrades of the Oculus 
Video application, it was not possible anymore to playback 
the video with spatial audio in other platforms than 
YouTube. 

The second project with spatial audio was an animation for 
the company Exellys. In this animation the beginning of the 
career of an IT professional is shown, but compared to a 
pinball game. The feeling on the viewer of the video is being 
inside a giant pinball machine. We already used the FSW for 
the spatialization on Reaper. Being an animation, all the 
sounds had to be produced. The complete recording and 
manipulation process of the audio was made in Pro Tools, 
and imported on Reaper for spatialization afterwards. Of all 
four projects, this was the project that needed a full sphere of 
audio, since there were sounds and movements in all the axis 
of the image. For the top and bottom spatialization we 
encountered some problems with the FSW. The localisation 
of the sounds that uses more the Z-axis was not so precise as 
expected. Apart from the spatial sound there was also a 
head-locked voice over and soundtrack. The generated 
master this time was already from the FSW, with an 8-
channel .wav file with the spatial sounds and a stereo file 
with the head-locked sounds being muxed with the video. 
One of the main issues of this project was the mixing of the 
stereo track with the spatial track. In this specific project 
there was the necessity to use compressors and limiters 
several times, in both stereo and spatial sounds, but on use 
this plugins the spatial image suffered hard changes. At the 
end, all the effects that affect the volume of the sounds were 
placed in the Pro Tools and rendered before the 
spatialization, in order to keep a bigger fidelity of the 
expected audio image. 

The third project was a short video (40 seconds) made as a 
video invitation to an event by a Belgium company. This 
was the only one were all the sounds were spatialized, since 
there was no soundtrack or voice over. The audio recorded 
on set was treated in Pro Tools and then spatialized in 
Reaper. The final audio was a 1st order Ambisonic, since the 
client wanted it just to be placed on YouTube. 

The last example was for KBC, a Belgian bank. Of all the 
projects, this was the only one made completely inside 
Reaper. The video was filmed in a studio with a voice over 
on the playback to guide the actions of the actors, in the 
same way of video-clips recording. Since the video was 
recorded on this way, no sounds were recorded on set, being 

again all the work of foley, ambiences, noises, soundtracks 
and voices made during postproduction. The biggest 
particularity here is that the space of the video was clearly 
delimitated. The video shows four environments (a living 
room, a kitchen, a bank and a store), each one occupying ¼ 
of the horizontal panorama. The actors walked freely among 
the ambiences and the complete panorama moved 
sometimes, depending on the narration. With this 
configuration of video, it was possible to divide the sound 
design by environments in order to treat each one of the 
environments alone. The Spatialiser plugin was placed on 
four different tracks that were used as master track from 
each ambience. This project was completely made with the 
FSW. The master was also the 8-channel file with spatial 
sound and the stereo file with head-locked sounds. In the last 
version of the video, the rotation of the video was turned off, 
so the rotation of the audio was not necessary anymore. 

Conclusions 
After releasing the mentioned projects the audio crew of 
yondr was enrolled in several other projects, all of them with 
spatial audio. But after the completion of the project of the 
KBC bank, the phase of experimentation was concluded and 
since it was possible to keep the process inside the same 
DAW, now the process is more fluent and faster. The 
workflow of spatial audio is now known and there are just 
the expectations for further development on the spatial sound 
design process. 

When it comes to sound design of spatial audio in 360º video 
the tools and the workflow that need to be adopted match 
completely with Ambisonic audio, with exception to the .tbe 
file from FSW, that need some adaptations in order to be in 
an Ambisonic format. 

On the moment of the writing of this paper, the maximum 
resolution that is possible of 360º video playback with 
spatial audio is the mixed order of FSW, that is something 
over the full sphere 1st order, but under the full sphere 2nd 
order. Since the main codec that is used to encode the videos 
is H264 with mp4 encapsulating, the AAC audio that is 
muxed in the file is able to render up to 48 channels, that is 
just one channel less than a 5th Order of Ambisonic, so is 
interesting to keep evolving in a way to encode higher orders 
of Ambisonics on the 360º videos. By now, the main 
problem for it is not rendering or muxing. It is playback, 
since, as explained in the development of the work, the 
platform that supports the higher order of Ambisonic is 
Facebook (and the Gear VR with the same codec settings) 
and this platform supports just 8-channels in a mixed second 
order Ambisonic plus the stereo channel.  

Based on all this information, it’s necessary to have further 
development in playback devices and playback applications. 
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Abstract 

Last year Google enabled spatial audio in head-tracked 360 videos using Ambisonics to binaural decoding on Android mobile 
devices.  There was some early criticism of the 1st order to binaural conversion employed by Google, in terms of the quality of 
localisation and noticeable frequency response colouration.  In this paper, the algorithm used by Google is discussed and the 
Ambisonics to Binaural conversion using virtual speakers analysed with respect to the resulting inter-aural time, level, and 
spectrum differences compared to an example HRTF data set.   1st to 8th order Ambisonics using multiple virtual speaker arrays 
are implemented and analysed with inverse filtering techniques for smoothing the frequency spectrum also discussed 
demonstrating 8th order decoding correctly reproducing binaural cues up to 4 kHz.  

 

Introduction 
In April 2016, Google enabled head/phone tracked Spatial 
Audio to be uploaded and auditioned on the YouTube 
platform (over one year after 360, head/phone tracked, videos 
were enabled on the platform).  Google chose Ambisonics 
(using the ambiX standard [1]) for the format used to encode 
the 360 degree sound scene.  Initially, excitement and a surge 
of interest in Ambisonics occurred, but soon after, on-line 
forums and discussion boards voiced issues regarding 
localisation quality and frequency response, compared with 
the original recording.  In this paper, a discussion of the 
implementation and limitations of the format will be 
discussed focussing on the differences between inter-aural 
differences present between measured, and Ambisonically 
synthesised HRTFs. 

Ambisonics to Binaural 
Converting Ambisonics B-Format to binaural audio for 
headphones is well documented with McKeag and McGrath 
using 1st order Ambisonic recordings to feed head tracked 
binaural audio over headphones in 1996 [2].  The auralisation 
of any loudspeaker based system can be achieved by 
convolving the HRIRs of the location of the loudspeakers with 
the audio fed to those loudspeakers which will result in 2 x N 
convolutions (where N is the number of loudspeakers).  The 
polar patterns of the signals for a Furse-Malham channel 
ordering and normalised B-Format signals are shown below 
in Figure 1. 

 
Figure 1: 1st Order B-Format Signal Polar Patterns (Furse-Malham 
Scheme) 

 
The signals contained within these channels, representing the 
full 360 degree sound scene, can be transformed into signals 
fed to loudspeakers by deriving an Ambisonic decoder and 
binauralising.  The resulting binaural output will be (at its 
simplest) a linear combination of these 4 channels (for 3D) 
or 3 channels (omitting the Z for 2D) to create the speaker 
feeds, followed by the convolution of each speaker feed with 
the corresponding HRIR.  The left and right ear results can 
then be summed to the left and right channels of the 
headphones as shown in the block diagram in Figure 2. 
 

 
Figure 2: 2D B-Format to Binarual Conversion Process [3] 
 
One benefit of Ambisonics is that the processes involved in 
both the Ambisonic Decoder and HRTF simulation parts can 
be rolled up into one operation resulting in a pair of HRIRs 
for each B-Format channel [3].  This reduces the number of 
convolutions needed to one per B-Format channel, no matter 
how many speakers are to be auralised.    
 
Mathematically, once an Ambisonic decoder has been 
designed (which will be a matrix of coefficients generated by 
inverting the spherical harmonic weightings of the 
loudspeaker directions), the 1st order HRIRs can be 
calculated as shown in equation (1).  This example assumes 
8 speaker locations with corresponding HRIRs 
 

𝑊𝑊ℎ𝑟𝑟𝑟𝑟𝑟𝑟 = �  𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑓𝑓𝑐𝑐 × 𝐻𝐻𝐻𝐻𝐻𝐻𝐻𝐻𝑐𝑐

8

𝑐𝑐=1

 

𝑋𝑋ℎ𝑟𝑟𝑟𝑟𝑟𝑟 = �  𝑋𝑋𝑊𝑊𝑊𝑊𝑊𝑊𝑓𝑓𝑐𝑐 × 𝐻𝐻𝐻𝐻𝐻𝐻𝐻𝐻𝑐𝑐

8

𝑐𝑐=1

 

𝑌𝑌ℎ𝑟𝑟𝑟𝑟𝑟𝑟 = �  𝑌𝑌𝑊𝑊𝑊𝑊𝑊𝑊𝑓𝑓𝑐𝑐 × 𝐻𝐻𝐻𝐻𝐻𝐻𝐻𝐻𝑐𝑐

8

𝑐𝑐=1

 

Where c represents loudspeaker number 

(1) 
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Once the HRIRs have been generated, the binaural output 
can be derived as shown using the processing in equation 
(2).  If the HRIRs are left/right symmetrical (that is, the 
HRIRs for a source at 30 degrees, is the same as the HRIRs 
for -30 degrees, but with the left and right responses 
swapped), then this can be further reduced to a single 
convolution per spherical harmonic [3].   

𝐿𝐿𝑊𝑊𝑓𝑓𝐿𝐿 = �𝑊𝑊⨂𝑊𝑊𝐿𝐿
ℎ𝑟𝑟𝑟𝑟𝑟𝑟� + �𝑋𝑋⨂𝑋𝑋𝐿𝐿ℎ𝑟𝑟𝑟𝑟𝑟𝑟�

+ �𝑌𝑌⨂𝑌𝑌𝐿𝐿ℎ𝑟𝑟𝑟𝑟𝑟𝑟� 
𝐻𝐻𝑅𝑅𝑅𝑅ℎ𝐿𝐿 = �𝑊𝑊⨂𝑊𝑊𝑅𝑅

ℎ𝑟𝑟𝑟𝑟𝑟𝑟� + �𝑋𝑋⨂𝑋𝑋𝑅𝑅ℎ𝑟𝑟𝑟𝑟𝑟𝑟�
+ �𝑌𝑌⨂𝑌𝑌𝑅𝑅ℎ𝑟𝑟𝑟𝑟𝑟𝑟� 

𝑊𝑊,𝑋𝑋 𝑎𝑎𝑎𝑎𝑎𝑎 𝑌𝑌 𝑎𝑎𝑎𝑎𝑊𝑊 𝐵𝐵 − 𝐹𝐹𝑊𝑊𝑎𝑎𝐹𝐹𝑎𝑎𝐿𝐿 𝐴𝐴𝐴𝐴𝑎𝑎𝑅𝑅𝑊𝑊 
𝑊𝑊,𝑋𝑋,𝑌𝑌ℎ𝑟𝑟𝑟𝑟𝑟𝑟𝑎𝑎𝑎𝑎𝑊𝑊 𝐿𝐿ℎ𝑊𝑊 𝑊𝑊𝑎𝑎𝑐𝑐𝑊𝑊𝐴𝐴𝑐𝑐𝑎𝑎𝐿𝐿𝑊𝑊𝑎𝑎 ℎ𝑎𝑎𝑅𝑅𝑎𝑎𝑟𝑟  
𝑎𝑎𝐿𝐿 𝑎𝑎𝑎𝑎𝑅𝑅𝑎𝑎𝑊𝑊𝑎𝑎𝑊𝑊𝐿𝐿𝑊𝑊 𝐿𝐿𝑊𝑊𝑓𝑓𝐿𝐿 𝑎𝑎𝑎𝑎𝑎𝑎 𝐻𝐻𝑅𝑅𝑅𝑅ℎ𝐿𝐿 𝑊𝑊𝑎𝑎𝑎𝑎 

(2) 

For more detail of the current state of the art regarding 
spherical harmonics and their use with binaural audio, the 
reader is directed to the concise summary given by Politis 
and Poirier-Quinot [4]. 

YouTube Spatial Audio Frequency Correction 
Soon after YouTube enabled spatial audio, the author 
measured the 1st order Ambisonics to Binaural filters by 
uploading a video that contained a swept sine wave [5] on 
each of the B-Format channels sequentially and recording the 
binaural result from a supported android phone.  The result 
was then convolved with the inverse filter to obtain the left 
and right HRIRs for the W, X, Y and Z channels.  The filters 
obtained can be seen (for a phone orientation of 0 and 90 
degrees) in Figure 3 and Figure 4, respectively. 

The fact that the IRs for three of the four channels are 
identical, and one is identical, but inverted, for both the left 
and right responses show that the YouTube filters are using 
HRIRs that assume left/right symmetry.  The fact that the 
impulses are identical with the phone oriented at 0 and 90 
degrees also suggests that YouTube is rounding the rotation 
angle as it’s very unlikely that the manual phone rotation hit 
exactly 90 degrees! The frequency response of these filters is 
also shown in Figure 5.  Note YouTube filters audio above 
around 16.4kHz. 

 
Figure 3: Measured HRIRs from YouTube with the phone at 0 
degrees orientation 

 
Figure 4: Measured HRIRs from YouTube with the phone at +90 
degrees orientation 
 

 
Figure 5: Frequency response of measured HRIRs from YouTube. 
 
One initial comment that started to emerge in discussion 
boards and forums was that the YouTube implementation 
sounded quite coloured, in terms of its frequency response.  
For example, the resulting responses of an Ambisonic source 
panned at 90 degrees to the left of a listener can be seen below 
in Figure 6. 

 
Figure 6: Frequency response of measured HRIRs from YouTube. 
 
The filtering present is due to the response of the head and 
torso used in the measurement of the HRTFs and possibly the 
speaker and microphones used as well.  If the head and torso 
matched exactly your own, then this filtering would not be 
noticed and, instead, interpreted as directional information, 
but as it doesn’t, it will be perceived as colouration in the 
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frequency response.  In order to equalise the system, a 
correction EQ curve can be applied to all the Ambisonic 
channels equally before uploading to YouTube.  First, a 
method do decide on the ‘average’ response of the system is 
needed.  There could be a few methods for this, but the simple 
approach used here was to pan a repeated impulse around the 
listener, storing the resulting IR each time.  These responses 
can then be summed together, and the frequency response 
averaged (an RMS type approach as shown in equation (3) has 
been used for in this example).  This is then an ‘average’ 
response of the system.  The system is then inverted (adding 
delay as it is non-minimum phase) and then the filter is 
decomposed into its minimum phase only response for the EQ 
(as that’s all we’re really interested in and reduces potentially 
damaging pre-ringing in the filter).  The average response and 
that of its inverse are shown below in Figure 7, with the 
impulse response of the inverse filter (minimum phase) shown 
in Figure 8.  If this filter is applied to all B-Format channels 
equally, no corruption of the spatial properties of the 
recording will occur.  A video demonstrating the more natural 
frequency response reproduction on YouTube before and 
after application to the B-Format channels can be found at [7].  
Anecdotal evidence suggests that this corrected 
implementation is preferred, and sounds more natural, than 
the uncorrected version present on YouTube until they, more 
recently, updated the HRTFs used to the set from the SADIE 
project [12].   

𝐹𝐹𝑎𝑎𝑊𝑊𝐹𝐹(𝜔𝜔,𝜃𝜃 ) = ℱ�𝑊𝑊𝐿𝐿
ℎ𝑟𝑟𝑟𝑟𝑟𝑟 + cos(𝜃𝜃)𝑋𝑋𝐿𝐿ℎ𝑟𝑟𝑟𝑟𝑟𝑟 +

sin(𝜃𝜃)𝑌𝑌𝐿𝐿ℎ𝑟𝑟𝑟𝑟𝑟𝑟� 

𝑌𝑌𝑌𝑌𝐻𝐻𝑊𝑊𝑟𝑟𝑌𝑌𝑊𝑊𝑎𝑎𝑟𝑟𝑊𝑊(𝜔𝜔) = ���|𝐹𝐹𝑎𝑎𝑊𝑊𝐹𝐹(𝜔𝜔,𝜃𝜃)|2
359

𝜃𝜃=0

� 
(3) 

 

 
Figure 7: Average frequency response of a source panned 
horizontally around the listener and its inverse. 

 
Figure 8: Minimum phase impulse response of the inverse filter 
shown in Figure 7 

Ambisonics to Binarual Inter-aural Cues 
Ultimately, the Ambisonics system will be interpreted by the 
ear/brain system of the listener, meaning it will need to satisfy 
the auditory cues necessary to convince a listener that the 
audio is located at the desired direction and distance away.  
The three more obvious cues to satisfy are inter-aural time 
difference (ITD – used at low frequencies [< 1kHz]), inter-
aural level difference (ILD – most useful at mid frequencies 
[> 700Hz]) and pinna filtering and monoaural spectral cues 
(most prevalent at high frequencies).  Work from Kearney and 
Doyle concentrated on spectral/pinna cues in the Ambisonics 
to binaural decoding with respect to height perception [8].  
This work will mainly look at the inter-aural differences in the 
horizontal plane. 

Both the ILD and ITD will be frequency dependent due to the 
complex structure of the head and torso.  The ILD of a set of 
Head Related Transfer Functions (HRTFs) can be found, with 
respect to frequency (𝜔𝜔) and angle of incidence (𝜃𝜃) as shown 
in equation (4). 

𝑰𝑰𝑰𝑰𝑰𝑰(𝜽𝜽,𝝎𝝎) = 𝟐𝟐𝟐𝟐 𝐥𝐥𝐥𝐥𝐥𝐥𝟏𝟏𝟐𝟐 �
|𝑯𝑯𝑯𝑯𝑯𝑯𝑭𝑭𝑰𝑰(𝜽𝜽,𝝎𝝎)|
|𝑯𝑯𝑯𝑯𝑯𝑯𝑭𝑭𝑰𝑰(𝜽𝜽,𝝎𝝎)|� (4) 

 
Similarly, the ITD can be calculated, with respect to 
frequency (ω) and angle of incidence (θ) using the group 
delay (rate of change of phase) as shown in equation (5). 
 

𝝉𝝉𝒅𝒅𝑰𝑰(𝝎𝝎) = −
𝒅𝒅𝝓𝝓𝑰𝑰(𝝎𝝎)
𝒅𝒅𝝎𝝎  𝒘𝒘𝒘𝒘𝒘𝒘𝒘𝒘𝒘𝒘 𝝓𝝓𝑰𝑰(𝝎𝝎) = ∠𝑯𝑯𝑯𝑯𝑯𝑯𝑭𝑭𝑰𝑰(𝜽𝜽,𝝎𝝎) 

𝝉𝝉𝒅𝒅𝑯𝑯(𝝎𝝎) = −
𝒅𝒅𝝓𝝓𝑯𝑯(𝝎𝝎)
𝒅𝒅𝝎𝝎  𝒘𝒘𝒘𝒘𝒘𝒘𝒘𝒘𝒘𝒘 𝝓𝝓𝑯𝑯(𝝎𝝎) = ∠𝑯𝑯𝑯𝑯𝑯𝑯𝑭𝑭𝑯𝑯(𝜽𝜽,𝝎𝝎) 

𝑰𝑰𝑯𝑯𝑰𝑰(𝜽𝜽,𝝎𝝎) = 𝝉𝝉𝒅𝒅𝑰𝑰(𝝎𝝎) − 𝝉𝝉𝒅𝒅𝑯𝑯(𝝎𝝎) 

(5) 

 
The resulting plots for ILD and ITD using the MIT Kemar 
set of HRTFs are shown below in Figure 9 and Figure 10 
respectively. 
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Figure 9: ILD in dB for different source angles and frequencies (up 
to 10kHz) 

 
Figure 10: ITD in samples (fs = 44.1kHz) for different source 
angles and frequencies (up to 10kHz) 
 
The same figure can then be generated for an Ambisonically 
panned source (for example, Figure 11), and the difference 
between the real and the Ambisonic cues showing at which 
frequencies the cues are correct, where they aren’t, and how 
much they deviate from correct (in dB for ILD and samples 
for ITD).   
 

 
Figure 11: ILD for a 1st Order Ambisonically panned binaural 
source. 
 

 
Figure 12: Difference in ILD between a real and a 1st Order 
Ambisonically panned source (note change in colour scale to 
amplify errors). 
 
If the differences in ILD in Figure 12 are observed, it can be 
seen that although there is reduced error at low, compared to 
high, frequencies, some significant errors are present. These 
issues can be due to low frequency errors in the 
measurement of the HRTFs.  A new set of low frequency 
corrected HRTFs have been made available by Erbes, et al. 
[10] which gives more consistent results and will be used 
from this point in the analysis (the currently chosen 
YouTube filters, from the SADIE project [12], also exhibit 
these issues, incidentally.  The perceptual effects of these 
errors have not yet been investigated).  For example, the 
difference between real and Ambisonic ILD and ITD using 
the HRIRs from [10] can be seen in Figure 13 and Figure 14 
respectively with little low frequency error now present.  
 

 
Figure 13:  ILD differences between real and Ambisonically 
panned source using the low frequency corrected HRTF set from 
[10]. 
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Figure 14:  ITD differences between real and Ambisonically 
panned source using the low frequency corrected HRTF set from 
[10]. 
 
These plots are obtained using the virtual loudspeaker array 
shown in Figure 15.  So, what happens if the array is offset 
so that the four loudspeakers are placed at +/-45° and +/-
135° as shown in Figure 16?  Figure 17 and Figure 18 show 
the differences in ILD and ITD for the offset speaker array 
of Figure 16.  From inspection it seems the correctly 
reproduced area is the same and the only difference is in the 
response above this frequency.  The plot shown in Figure 20, 
which is the difference between the two difference plots in 
ITD (in this example) confirms this (the same is found for 
ILD), thus showing that as long as the HRTFs are correctly 
measured at low frequencies and the number of virtual 
loudspeakers is enough to correctly sample the system, the 
differences between the arrays are only observed above the 
frequency limit of correct operation.  Note that this is true 
even though the calculated B-Format HRIRs are quite 
different, when viewed in the time domain as shown in 
Figure 21 and Figure 22. 
 

 
Figure 15: 1st order regular virtual loudspeaker array 
 

 
Figure 16: Offset 1st order regular virtual loudspeaker array 
 

 
Figure 17: Difference in ILD for an offset virtual speaker array 
 

 
Figure 18: Difference in ITD for an offset virtual speaker array 
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Figure 19: Difference between the ILD difference plots of the two 
speaker arrays 

 
Figure 20: Difference between the ITD difference plots of the two 
speaker arrays 

 
Figure 21: HRIRs for W, X and Y for the speaker array in Figure 
15 

 
Figure 22: HRIRs for W, X and Y for the speaker array in Figure 
16  

To improve on this situation, higher order Ambisonics can 
be implemented (as is already the case in Facebook [2nd 
order] and Google’s Jump Inspector [3rd order]).  As 
demonstrated by Daniel et al [11], as the Ambisonic order is 
increased, the frequency of correct operation should increase 
(due to the increased spatial aliasing frequency).  The 
number of speakers (essentially discrete sampling points) 
needs to increase with the Ambisonic order to correctly 
reproduce the higher order spherical harmonics.  The 2D 
polar patterns of 1st and higher order components (up to 4th 
order) can be seen below in Figure 23. 

 

 
Figure 23: 2D polar patterns of horizontal only higher order B-
Format components. 
 
The equations for deriving these harmonics can be seen 
below in equation (6). 

𝑆𝑆𝑚𝑚𝑚𝑚(𝜃𝜃) = �
cos(𝐹𝐹𝜃𝜃) , 𝐹𝐹 > 0
1              , 𝐹𝐹 = 0

sin(−𝐹𝐹𝜃𝜃) , 𝐹𝐹 < 0
 

Where n = ambisonic order 
m = +/-n 

(6) 

   
Increasing the order and the number of speakers (where the 
number of speakers needed will be 2(n+1) where n is the 
Ambisonic order), will result in the improvements in ILD 
and ITD as shown in Figure 24 to Figure 35 from 3rd to 35th 
order, using 8 to 72 virtual loudspeakers and 7 to 71 B-
Format channels respectively.  From these plots, the increase 
in the correctly reproduced frequency limit can clearly be 
seen with 35th order, 72 loudspeakers, providing correct 
cues above 10kHz.  35th order requires a measured HRTF 
pair (or loudspeaker) every 5 degrees, and the limit for many 
HRTF datasets available.  Some insight can also be drawn 
from the time domain impulse responses of the system. 
Figure 36 to Figure 40 show the impulse responses of a 
source at 90 degrees to the listener, both measured and 
Ambisonically reproduced.  90 degrees was chosen as these 
will be the IRs with the largest inter-aural differences, both 
in time and amplitude.   Here, we can observe the near-ear 
response encoded well, with most of the error evident in the 
far-ear response.  It’s also worth noting that the error in the 
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IRs occur when the ear should be experiencing a zero 
amplitude time delay with the erroneous signal fading as the 
Ambisonic order increases.  This makes sense as the signals 
are derived as a sum of weighted outputs from all the 
HRTFs/loudspeakers, even ones at the opposite side of the 
array.  It is these outputs that are minimised as the order 
increases but, as shown before, will be artefacts above the 
spatial aliasing frequency. 

Conclusions 
Many on-line discussions regarding Ambisonics to binaural 
3D audio delivery argue between Ambisonics being correct, 
or not.  This paper has demonstrated how Ambisonics to 
binaural conversion, as utilised in 360 videos and 3D audio 
for virtual reality is more correctly interpreted as an HRTF 
pair interpolation method, where the more samples taken 
(loudspeakers used), and Ambisonic order increased, the 
higher the frequency that the system provides correct results.  
1st order correctly reproducing inter-aural cues up to around 
400Hz and 35th order needed to reproduce cues correctly 
beyond 10kHz.  It has also been shown that the locations of 
the loudspeakers/HRTFs do not matter for the correctly 
reproduced portion so long as they are regularly spaced and 
of sufficient number to sample/reproduce the required order 
of spherical harmonics.  Differences will be observed above 
this frequency, however.  While a method for correcting the 
average frequency response of a Ambisonics to binaural 
conversion has been presented, no firm conclusions can yet 
be drawn as only anecdotal evidence has currently been 
sought.  This anecdotal evidence does suggest a preference 
for the corrected version of the filters, however.   
 
These conclusions lead to several further avenues of 
investigation.  What are the perceptual effects of the errors 
above the frequency of correct operation, and does changing 
the decoding scheme (to maximise the energy vector, or use 
in-phase decoding as discussed in [13]) have any useful 
perceptual effects for a listener in the sweet spot (as the 
binaural listener will always be in the centre of the array)?  
Is it more useful to observe ILD and ITD in frequency bands 
(as originally carried out in [3])?  Would this better match 
the perception of the system if, say, 3rd octave or octave 
bands were used?  The interaural and monaural cues are only 
correct to a particular frequency, above this frequency the 
errors deviate from the measured ITD, ILD and pinna cues. 
It is suspected that above this frequency, a simple spherical 
head model would actually provide better, and more natural 
results in this regard and could be particularly relevant to 
elevation cues which are often pinna based, affected by 
higher frequencies than covered by the currently available 
implementations that use 1st to 3rd order Ambisonics 
(YouTube uses 1st order, Facebook 2nd order and Google’s 
Jump Inspector, 3rd order with gaming APIs following suit).   
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Figure 24: 3rd Order ILD using 8 speakers 
 
 

 
Figure 25: 5th Order ILD using 12 speakers 
 
 

 
Figure 26: 8th Order ILD using 18 speakers 
 

 
Figure 27: 11th Order ILD using 24 speakers 
 
 

 
Figure 28: 17th Order ILD using 36 speakers 
 
 

 
Figure 29: 35th Order ILD using 72 speakers 
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Figure 30: 3rd Order ITD using 8 speakers 
 
 

 
Figure 31: 5th Order ITD using 12 speakers 
 
 

 
Figure 32: 8th Order ITD using 18 speakers 
 
 
 

 
Figure 33: 11th Order ITD using 24 speakers 
 
 

 
Figure 34: 17th Order ITD using 36 speakers 
 
 

 
Figure 35: 35th Order ITD using 72 speakers 
 
 
 
  

Virtual Reality Wiggins

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

103



 
Figure 36: 3rd Order HRIRs 
 
 

 
Figure 37: 5th Order HRIRs 
 
 

 
Figure 38: 8th Order HRIRs 
 

 
Figure 39: 11th Order HRIRs 
 
 

 
Figure 40: 17th Order HRIRs 
 
 

 
Figure 41: 35th Order HRIRs 
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Abstract 
In 360° video and VR, film directors do not have direct control over the viewers’ attention and their field of view. Visual and 
particularly auditory cues may be necessary for linear storytelling and therefore to guide the viewers’ attention. This paper 
presents a preproduction planning for on-set recording and postproduction techniques for 360° audio. Knowing the content 
platform is key in order to provide full audio experiences that can make use of the prepared audio and tracking functionality 
leading to a fully immersive experience. 

 

Introduction 
The dominance of vision over the other senses has been a 
well researched fact for some decades [8]. However, both 
VR and 360° experiences are not fully enjoyable without 
spatialized audio [1]. The “big players” of the internet 
industry are aware of it and continuously develop their audio 
solutions. Audio information is necessary for immersion 
which consequently enables a better level of psychological 
presence [5]. In the media world, audio is very relevant. 
However, it is recommendable to plan ahead how to deliver 
the audio content for 360° Video and VR. This paper 
presents a short review of the most relevant aspects. 

Perception 
It is well known in sensorial perception research that the role 
of vision is crucial compared to the other sensory modalities 
[6]. The ventriloquism effect (visual capture) is one of the 
most salient examples. The auditory event is localized where 
the visual source is perceived and not where the physical 
sound radiation takes places (e.g. cinema and TV). On the 
other hand, aural information is unavoidable, we are 
constantly surrounded by sound [13]. 

Nowadays, the concept of immersion has been renewed and 
is commonly used in Virtual Reality technology. It describes 
how good VR systems and their applications are at 
recreating or reproducing a sense of reality through our 
sensory perceptions, from a subjective point of view [15]. 
Immersion has also been present in 2D films mainly through 
camera movement and plausible scenarios [7]. Sound in 
form of dialogue, audio effects and especially music intends 
to enable the viewer to be a part of the whole. The purpose 
of immersion is to engage the users or viewers in the 
experience [6]. 

The visual system can be divided into two zones: the central 
and the peripheral vision [6]. 2D films are mainly optimized 
for the binocular field in the range of 120° (60° azimuth left 
and 60° right), which is very accurate and color-sensitive. 

In 360° video the peripheral vision is also part of the 
configurational setting. The prominent characteristics of this 
type of vision are color insensitivity and a fast response to 
flicker and motion. Based on information about current 

technologies [9] and the work of [6], a general approach for 
the human FOV and different technologies can be 
appreciated in the following figures. 

 

 

Figure 1: Horizontal field of view in humans, adapted from [6]. 

 

As indicated in Figure 1, the whole horizontal plane can be 
visually explored assuming head, trunk or body rotation. 
Auditive stimuli induce head rotation through the process of 
sound localization. Such movements may not even be 
perceived by the subject [2]. 
 
New technologies such as 360° rely on binaural or 
stereophonic cues, one for each ear [6]. The spatial acuity of 
the auditory system has been thoroughly researched. It is 
based mainly on the detection of variation in intensity and 
time from the sound reaching one ear compared to the other 
(interaural time). The different morphological characteristics 
of the torso, head and pinna and the ability of the brain to 
process sound information transduces in the spatial acuity of 

Virtual Reality

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

105



the auditory system. To put it another way, human beings 
can easily determine with high precision sounds located in 
front of, and with less precision behind them; this acuity 
decreases notably to approximately 10° when sounds are 
placed either on the right or left side. The difficulty to locate 
sounds above or below the head is even bigger: up to 15° 
[6]. 
 

 
Figure 2: Vertical field of view in humans. 
 
Using Figure 1 and 2 it is possible to compare the FOV of 
current VR and 360° head mounted displays to the human 
capabilities, which are far better. Today's audio technology, 
on the other hand, offers a very convincing immersion – at 
least binaural sound (depending on the HRTF). 
 

Current Developments 
 

The terms VR and 360° video are often mixed and 
understood differently. For the purpose of this description, 
360° video interaction is understood as a technology with 
which it is possible to change the direction of view. In VR, 
on the other hand, the subjects can also interact with the 
environment and are thus able to move around. In addition, 
VR is rendered in stereoscopic whereas 360° video is not 
necessarily captured stereoscopically. 
 
As the field develops further with technologies such as 
stereo and depth map capturing, it will be harder to 
distinguish between the different formats and a simpler 
approach might be to specify users’ abilities. 
 
In VR, the viewers’ ability to interact and move around in 
space provides more immersion. In VR using game engines, 
mono sound sources are placed within the environment and 
the audio mix is rendered in real time. For 360° video the 

audio recording happens on set, mixing and additional sound 
placement in a postproduction phase. 
 
The advantage of VR and 360° video over older 
technologies is the feeling of “being there” [5]. However, 
this also entails a higher degree of freedom for the viewer, 
who can select where to direct (his/her) attention [15]. In 
other words, filmmakers and VR producers may face some 
challenges when telling a story. The visual information 
might not be as important in relation to audio as it was in 
2D. Audio will play a key part in directing the focus of 
attention. 
 
Current research [15] has shown that motion cues have an 
important effect regarding viewers’ attention. However, 
when it comes to direct the attention to a specific point in the 
field of view, the use of motion cues in combination with 
audio cues is far more effective than just using visual 
information. This effectivity can be measured as the time 
(under 10s) it takes test subjects to switch their attention and 
focus to a completely different point in the 360° plane. 
Remarkably, the audio cues used in those tests are not even 
spatialized: stereo information is sufficient. 
 
Adopting the concepts of diegetic (source music and real 
sounds) and non-diegetic (background music and sound 
effects) regarding sound and music in 360° video may be a 
practical approach. 360° video is (essentially) an extension 
of 2D film with a wider field of view [7]. Even so, these 
concepts have to be extended concerning VR as the viewer 
has the ability to interact with the environment as a “causal 
agent” [4]. Therefore, an additional category including a 
dynamic audio dimension, as proposed for games sound by 
Collins [4], fits best regarding VR. 
 
In June 2017, YouTube made two announcements on their 
blogs: that the video platform would be providing “heatmaps 
for 360-degree and VR videos with over 1,000 views” [11] 
and the launch of a new video format that they call VR180. 
This video format only uses 180 degrees in front of the 
viewer and “stereoscopically in 3-D, where near things look 
near, and far things appear far” [12], thus creating a deeper 
immersion. While the raw data (videos and view count) were 
not revealed and therefore the numbers cannot be relied 
upon, YouTube reported that “people spent 75% of their 
time within the front 90 degrees of a video” and that “for 
many of the most popular VR videos, people viewed more of 
the full 360-degree space with almost 20% of views actually 
being behind them” [11]. This insight led Youtube to the 
introduction of the new video format which they call VR180 
and a collaboration with camera manufacturers to produce 
cameras specifically for capturing stereo 180 degree videos. 
 
Consistency in visual and audio aspects can support 
immersion and allow application of traditional film 
techniques in 360° video. “Pearl is the first Spotlight Story 
to include hard cuts from shot to shot, a common film 
technique once considered impossible for VR, made possible 
in this case due to the visual anchor of the car, which 
remains constant while the location, time of day, props and 
characters are always changing” [3]. Furthermore, “Pearl 
combines spatial audio emitters and multiple Ambisonic 
sound fields which track viewer orientation and are mixed 
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binaurally in real time, as well as a musical score that blends 
diegetic (on-screen) and non-diegetic sources from scene to 
scene” [3]. 
 

Suggestions for Sound in 360° Settings 
 

Although VR and 360° video are similar in structure (you 
can see in all directions), each of these technologies needs a 
different approach, as stated above. 360° video may be seen 
as an improvement of 2D video/film. By contrast, VR is 
primarily an interactive technology. The viewers interact 
with the environment and influence what’s happening [10]. 
 
Recording on location in 360 degrees imposes some 
limitations. It is not possible to stay behind the camera. A 
boom operator is no longer active in the sound recording and 
monitoring setup may be difficult to achieve on location 
[10]. However, 3D microphones (mostly Ambisonics 
format) can be placed underneath the camera to deliver the 
ambience sound. Wireless microphones can be used to 
record additional sound in order to enhance the flexibility in 
postproduction. 
 
Having observed the planning of some 360° projects, it is 
quite clear that recording with this new technology demands 
careful preparation. The film crew has to hide or monitor 
from elsewhere, outside the scene. In addition, it may 
sometimes be necessary to monitor the signal with binaural 
technology which does not always represent the full 3D 
audio environment due to digital conversion issues. This 
may not be a problem in a scenario where the end format is 
binaural. However, having a 3D loudspeaker setup as 
playback system, conversion from 3D recording to binaural 
and then to 3D loudspeaker setup could produce a problem 
by decreasing the quality of the result. 
 
Mono sources are still relevant when working with 3D 
audio, especially for speech and other audio events that can 
be placed freely during postproduction in the 3D 
environment. Ready to use solutions such as 3D 
microphones are becoming more available. These 
microphones use first-order Ambisonic technology; higher-
order microphones are still mainly to be found in university 
research projects or for acoustical measurements. The use of 
alternative microphone arrangements such as a discrete 
microphone system (one microphone per loudspeaker) or a 
combination of surround techniques for the higher and lower 
layer is also possible, but these are primarily utilized in 3D 
music production. However, the decision to use a specific 
microphone arrangement is mainly a question of time and 
resources. Sound playback of these alternative microphone 
arrangements is vastly restricted to a matching loudspeaker 
setup. 
 

Directing Viewers’ Attention 
 

Sound can be used to subtly direct the viewers’ attention and 
thus allow them to follow the story presented [10]. In 
contrast to visual information, sound can not be ignored. 
 
There are four main audio resources to achieve the goal of 
directing viewers’ attention. These resources are known 
from conventional film theory. 
 

● Dialogue 

● Ambience 
● Music 
● Sound Effects 

 
A fifth resource, interactive and non-diegetic sounds that are 
mainly used in games as information feedbacks in menus 
and onscreen items, is to be considered for the use in VR and 
360° video to subtly direct the viewers' attention to relevant 
areas. These sounds are detached from the environment but 
the product of direct interaction of the user with the menu. 
 
In 360° video dialogue might be the most important sound 
resource. Humans naturally direct their attention to dialogue 
or spoken language. Speech and dialogue can lead the story 
and therefore guide the viewer; they can be both diegetic and 
non-diegetic. Nevertheless, the role of speech and dialogue 
may not be so dominant in VR, as the use and combination 
of different sound sources may be sufficient. 
 
The possibilities for audio technology in 360° video and VR 
go far beyond stereo or even surround reproduction; sound 
events can be delivered in different formats from mono 
(selective point) up to 3D. Not only the sound event itself, 
but also the delivery format has an influence on the way the 
information is perceived and the reaction expected from the 
viewer. 
 
In addition to dialogue and speech, audio cues have a 
relevant effect with regard to directing viewers’ attention 
and are independent from the focus of attention. In other 
words, audio cues are effective even outside the visual 
reference. In their work, Sheik et al. [14] describe the 
important role of audio cues: these make it possible to 
redirect attention irrespective of the delivery format – even 
mono cues did the work. 
 

Discussion 
 

Most of the paradigms of the film sound theory are to be 
found renewed in 360° film. In addition, the sound theory 
developed for games enables a better understanding for 
audio in VR. However, a question arises in this respect. 
 
Is the combination of these theories enough to describe the 
sum of different audio phenomena found in 360° video and 
VR? This might be very difficult to answer before the full 
range of both technological and artistic aspects has been 
reached. 
 
From personal experience and related work, a practical issue 
when using first-order ambisonics recordings is the 
localisation of sound events. This is dependent on the 
sweetspot at least in configurations of up to nine 
loudspeakers. 
 
We observed that point sources such as telephone ringing, 
speech or sound effects (e.g. door opening) work better to 
focus the attention of the viewer in contrast to music 
playback which is difficult to localize. This observation is 
valid for loudspeaker setups. In contrast, using binaural 
technology for reproduction, point sources recorded in first-
order ambisonics are harder to localize, which translates into 
a lower focus of attention. Voice can be located well in both 
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configurations (dedicated loudspeaker setup and binaural 
mix). Hence it is useful to guide the viewers' attention. 
 
It will be interesting to simultaneously track the audio and 
visual perception with different stimuli in order to test in a 
quantitative approach our observations. 
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Abstract

In the past years video games have run through a change from analogue games to hyperrealistic digital games.
This will not be the end of the evolution. Now the industry focuses on hyperimmersive virtual reality games. New
affordable devices like head-mounted displays allow to experience virtual reality (VR) even at home. Applications are
increasingly immersive due to a rising degree of interactivity. The field of application reaches from gaming to serious
usage like education, training, or industrial contents.
Including the opportunity to interact with the virtual environment by active human echolocation and use it for the
orientation might be of interest for visually impaired and normal-sighted people. Several studies have shown the
potential of this approach.
An experiment that investigates human echolocation in the context of VR is presented. Participants have to estimate
the direction of the closest wall at different distances in three different room settings. For the closer distances even
naive listeners performed quite well.

Introduction
Currently, virtual environments are experiencing a new
peak of awareness due to the release of affordable
devices, which allow an increased level of immersion and
interaction for the user. This demands for the design
of innovative applications as well as the creation of new
interaction concepts.

In modern VR scenarios, often an avatar can be moved
around in the virtual scene. Head-mounted displays
or other devices with tracking capabilities increasingly
allow an authentic interaction with the avatar, like
controlling its movements by executing the equivalent
movement. The user can literally walk through the virtual
environment himself.

The next level of authentic interaction would be the
integration of self-produced sounds in the design of games
and virtual environments. Orally produced sounds like
speech could be captured with a microphone and the
acoustic properties would be matched to those in the
virtual scene to achieve a plausible representation. An
integration of self-produced sounds might enable the
listener to explore the virtual scene using techniques like
echolocation.

Multiple studies have shown, that humans can use
echolocation to perceive and localize physical obstacles
only by acoustical cues. Additionally, few investigations
on human echolocation in virtual acoustic environments
(VAEs) provide a proof of concept and reveal its potential
as interesting interaction method. However, there are
still a lot of open questions regarding an efficient, but
perceptually convincing implementation. Thus it is
required, to gain a more detailed knowledge of the
process of human echolocation in VAEs. One interesting
question is, how well listeners can localize a virtual wall,

represented only by the corresponding acoustical cues.

The study presented in this paper investigates the
estimation of the direction of the closest wall in three
different distances as well as three different room settings.
The next paragraph explains the basic principles of
human echolation and summarizes related research.
Afterwards the realization in VAEs is described.

Human echolocation
In the literature the term human echolocation is used in
different ways [1]. Most commonly it describes the process
of analysing the environment auditorily by listening to
the reflections of self-produced sounds. Fig. 1 illustrates
the basic principle. Often the term is used in connection
with human bio-sonar, where people produce click sounds
with their tongue. However, echolocation does not only
work with click sounds, but also e.g. with reflections of
language or other self-generated sounds such as cane or
shoe tapping or finger snipping [2].

Figure 1: Basic principle of echolocation.
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Intuitive interaction with the real world?

Often it is reported, that echolocation using self-produced
clicks would be a wide spread technique of blind people to
orientate themselves in their environment. Conversations
of the authors with three blind persons revealed, that
obviously many blind people do not know how to use
this technique. Those who know still do not use it on a
regular base. Two of them joked about people thinking
they are crazy when making strange noises in a normal
environment.
Similar statements have been reported by Thaler [2],
who conducted a survey on the usage of echolocation
in everyday-life of blind people. 10 out of 37 survey-
participants reported to use echolocation in their normal
lifes. According to Thaler, no detailed statistics are
available, but anecdotical reports suggest that about
20-30% of the blind use echolocation on a regular base,
which is in line with the numbers found in the survey.

Related Research

A variety of studies has been conducted to investigate
human echolocation in real environments. A detailed
review is provided e.g. by Kolarik et al. [3].
Often it is reported, that blind people perform signi-
ficantly better in an echolocation task [4]. Supplementary
it was shown, that people with normal vision can learn
to distinguish between different distances of reflecting
surfaces with a similar accuracy like the distance of
sound sources [5].

Echolocation in virtual environments
As discussed e.g. by Schenkmann and Nilsson [1], binaural
recording and reproduction technology can be of incredible
benefit in hearing research. It is one of the main
motivations for the realization of human echolocation
scenarios in virtual acoustic environments for headphone-
based spatial reproduction.

In [1] a loudspeaker was positioned at the chest of a
dummy head which was facing a large reflecting surface.
Noise bursts were recorded at distances between 0.5 m and
5 m as well as without the surface. The same recordings
were conducted in a conference room and in an anechoic
chamber. Participants listened to these recordings in
a listening test environment and had to identify the
recordings without the surface in a choice of two. With
increasing distance results became less accurate and the
subjects performed better with the items recorded in the
conference room.

A similar setup was used by Rowan et al. [6] to study the
effect of distance and orientation of a reflecting object. A
loudspeaker was placed 25 cm below and 5 cm in front of
the intaural axis of a KEMAR dummy head in an anechoic
chamber. Binaural impulse responses were recorded with
a reflecting surface at distances between 0.9 m-3 m and
different orientations. The participants listened to bands
of generated Gaussian noise, convolved with the measured
impulse responses. The ability to distinguish left from
right lateral position decreased with increasing distance.

Motivated by applications like virtual teleconferencing
systems, Pörschmann [7] studied the integration of the
own voice into VAEs. One major question was, how
the different transmission paths of the direct sound
should be taken into account, when listening with
headphones [8]. Bone conduction does not require
any consideration. But wearing headphones causes an
insertation loss on the transmission through the air.
A compensation of this loss significantly increased the
sense of presence. Furthermore, the presentation of
room reflections improved the sensation of being there.
Echolocation was not a topic in these investigations,
but knowledge about perception of the own voice in
VAEs is fundamental when conducting experiments on
echolocation with actually self-produced oral sounds.

Wallmeier and Wiegrebe [9] used dynamic binaural
synthesis based on measured oral binaural room impulse
responses to investigate the interaction of self-motion
with echolocation. The participants were asked to
produce oral sounds on their own. The direct sound
was not included in the impulse responses. Instead parts
of the headphones’ earcups were removed to allow an
undisturbed perception of the original direct sound. Using
a system for tracking the participant’s head orientation
and real-time convolution kernel with changing filters, the
subjects could turn their heads in the virtual environment.
Two blind echolocation experts managed the given tasks
without training. That provides the proof of concept of
this implementation.

The study presented in this paper uses dynamic binaural
reproduction based on measured obrirs, too. The
next section provides a detailed description of this
measurement. Afterwards, the listening test procedure is
explained. This includes a discussion why the experiment
was carried out with a speaking avatar rather than with
oral sound produced by the participants.

Measurement of obrirs
Oral binaural room impulse responses (obrirs) can be
captured using a head and torso simulator with a mouth
simulator. For this study a set of obrirs in different room
settings were obtained from measurements with a G.R.A.S.
KEMAR 45BC.

First, a wooden plate with a size of 1.50 m×1.50 m was
setup in an anechoic chamber to serve as a single reflecting
wall (see fig. 2). The KEMAR was placed on an Outline
ET 250-3D electronic turntable in the distances of 25, 50,
75, 100, 125, 150, 175 and 200 cm in front of the plate.
Obrirs were measured with an azimuth resolution of 4◦.

Second, an empty office space with a size of
4.92 m×4.40 m×2.85 m with a reverberation time
of RT = 1.9 s was chosen. Obrirs were measured at
different positions along a similar line which led from the
middle of a wall towards the middle of the room. For
practical reasons, those measurements were conducted in
distances of 30 to 230 cm to the frontal wall in intervals
of 25 cm.
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Figure 2: Measurement of oral binaural room impulse responses in three different room settings: (left) anechoic room with a
large wooden plate - (middle) empty office room - (right) same office room with furniture.

For the third test case, the same office space was filled
with furniture like shelves, textile chairs and carpets as it
is illustrated in fig. 6. The reverberation time decreased
to RT = 0.7 s. Obrirs were captured at the same positions
as in the empty room.

Listening experiment
This experiment investigates the capability of listeners
to perceive and localize a virtual wall only by acoustical
cues. Furthermore it is of interest, to study the influence
of more complex environments at different distances to
the wall.

Own vs. provided oral sounds
Of course it would be of interest to let the participants
explore the virtual environment by self-produced sounds.
However, in a previous study [10] it was observed, that
unexperienced users first have to figure out, which sounds
are suitable to excite the virtual room and explore its
acoustics. The test method used in this study was
designed to be carried out with naive participants. Most
participants experienced a dynamic binaural reproduction
of a virtual environment for the first time.

Additionally, the integration of self-produced sounds in
virtual acoustic environments brings along further issues
regarding the different transmission paths of the own
voice, as discussed by Pörschmann [8, 7].

To exclude these questions from the study, it was chosen
to provide a continuous speech signal and ask the
participants to imagine it would be their speech coming
from their own mouths. This approach allows a better
control of the ear signal. The internal transmission path
will not be used.

Setup for the experiment
An HTC Vive setup was used for the experiment. The
participant had to wear the head-mounted display for
tracking position and orientation of the head. A neutral
grid was chosen as the visual VR scene in order to provide
some visual orientation cues for walking around, but to
give no further hints regarding the virtual acoustic scene.

During the exploration phase, the participants were asked
to walk along a line. This line was visually marked within
the VR scene. Additionally the backside of a row of chairs
provided haptic guidance during walking. This option
allowed people to listen with closed eyes.

An 8 minutes long excerpt of dry male speech reading
an audio book was chosen as the test signal. For the
audio reproduction STAX SRS-2050 headphones with
headphone compensation were used. The obrirs are
dynamically applied to the speech signal using pyBinSim
[11], which is a Python based tool for dynamic binaural
synthesis using partitioned convolution. A short crossfade
is used, when filters are switched.

Participants
18 people, 7 of them female, took part in this experiment.
The participants were aged between 22 and 43, with an
average of 31. All stated to have normal hearing abilities.

Test procedure
The rooms were tested one after the other. All
participants started with the 1-wall-scene recorded in the
anechoic chamber, because it was easier to understand
than the more complex scenes with multiple walls.
Afterwards, the scene with the empty office (Room1)
and last, the office with furniture was tested. Before the
actual test with a certain room was conducted, the room
could be explored in a short training or exploration phase.

Exploration phase: Walking towards the virtual
wall

Listeners usually need some time to adjust their listening
to a new, unknown room, when entering it [12]. Move-
ments like self-translation are assumed to support and
abbreviate this process. Furthermore, normally sighted
people usually don’t pay much attention to the acoustical
cues of a wall in their everyday life. It was regarded as
necessary, to provide an opportunity to find out what a
wall sounds like.

Therefore each room setting was provided as a walk-
through scenario to be explored before starting with
the actual test. During that exploration phase, the
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listener could walk along a given line with a length of
2m and turn around in all directions. The given task
was to figure out, where the closest wall could be. The
idea of that procedure was, that the participant could
find differences and get familiar with acoustical cues a
wall brings along. At the end of the exploration phase,
the participants were told, where the wall actually was
located. If they wanted, they could listen again and try
to remember how the close wall sounds like. Then the
test for the explored room started.

Test phase: Estimating direction of the closest
wall

During the test, only rotation at different single positions
was possible. The task for the participant was to turn
around until he/she thought to be facing the wall. Then
the subject was asked to hold still for a moment and give
a sign to the test conductor, who marked the current
tracking data as the answer. The test scenes were
randomly rotated by 0◦, 92◦, 180◦ or 268◦.

For the single-wall-scenario, distances of 25 cm, 100 cm
and 200 cm were chosen for the test. For Room1 and
Room2 the obrirs measured at the distances 30 cm,
105 cm and 205 cm were used as test items. Each of those
distances was asked twice to check for reliability and
repeatability. Thus, for the each room, six assignments
had to be done. Afterwards, the exploration phase for
the next room setup started.

Results
The estimated direction of the closest wall as well as the
resulting error in azimuth was captured as a multiple of
4◦, because the directional filters were only available in
4◦-steps. Except for short crossfading no interpolation
was applied to minimize the deviations from the measured
transfer characteristics.

Fig. 3 provides an overview of the average error over
all participants for the different distances and room
conditions, considering only an azimuth angle of 0◦ as
correct. In the case of the closest distances, the average
errors in azimuth are clearly lower.

If a participant could not hear the wall, a choice by
chance with an equal probability for all different angles is
assumed. The maximum error in azimuth is 180◦. Thus,
an average error of 90◦ is the expectation value, in case
of guessing.

The average errors observed for the 200 cm/205 cm
distance in the three rooms as well as for the 105 cm
distance in Room1 are close to that, which suggests
guessing in those cases. But if few participants rate with
a very high error, this might mask if some subjects were
able to achieve a high accuracy. Additional analysis is
required to detect these cases.

Figure 3: Average error in azimuth for estimating the
direction of the closest wall by directly facing the wall at
azimuth 0◦, for the 3 distances in the 3 different rooms.

Distribution
Fig. 4 shows the histograms of the absolute errors for the
different test cases. The first column contains the values
for the closest positions.

If the wall does not have an audible influence, a uniform
distribution over all angles might be expected. The
Pearson’s chi-squared test can be used to check for uniform
distribution. For testing the distribution over all possible
angles, a number of 36 samples as taken in this experiment
is not enough. Therefore the distribution of the absolute
error was tested instead. The results are shown in Tab. 1.

For the closest distance in each room, the Nullhypothesis,
that the samples are part of a uniformly distributed
set, can be rejected clearly. In case of the farthest
distance, rejection is not possible. Hence, the samples
might be part of a uniform distribution, which means
the estimations might be result of a choice by chance.
That is also the case for the 105 cm distance in Room1.
For 1Wall and Room2, the samples for the medium
distances are not part of a uniform distribution. But in
the 1Wall-case, the histogram shows a small peak for an
absolute error of 24◦. A further analysis is necessary to
find out, whether the wall could be heard in that case.

Distances
Rooms

1Wall Room1 Room2

25/30 cm <0.0001 <0.0001 <0.0001
100/105 cm 0.0009 1.0000 0.0009
200/205 cm 0.3173 1.0000 0.3173

Table 1: p-Values of the Pearson’s chi-square-test for uniform
distribution of the absolute error in azimuth between 0 and
180. For small values, the Nullhypothesis, that the samples are
part of a uniformly distributed set, can be rejected - in that
case it is concluded, the participants have not been guessing.
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Figure 4: Distribution of azimuth error at the specific distances: (upper row) anechoic chamber with a big wooden plate as a
single reflecting surface - (middle) empty office space - (lower row) same office with furniture.

Probability of guessing ”correctly”
The fundament of this additional analysis is the assump-
tion that if the wall can be recognized by acoustical cues,
they are not restricted to one certain direction, but can be
perceived in a whole angle range. Thus it was decided that
results with a maximum error of ±20◦ will be regarded as
correct answers. Tab. 2 provides the number of answers,
that are correct under the described condition. The last
column contains the probability to achieve at least that
number by guessing. Assuming binomial distribution, this
probability can be calculated based on the cumulative
distribution function which is given by

FX(x) = P (X ≤ x) =

N∑

k=0

(
n

k

)
pk(1 − p)(n−k). (1)

X is the probability variable for number of correct
answers achieved in a total of 36 choices, hence, the
number of estimation with a maximum error of 20◦.
The probability to achieve a certain number of correct
answers or more in a set of discrete values is given by

P (X ≥ N∆α≤20◦) = 1 − FX(N∆α≤20◦ − 1). (2)

Tab. 2 gives an overview for defining an angle range of
±20◦ as correct.

Rooms Distances N∆α≤20◦ P (X ≥ N∆α≤20◦)
1Wall 25 cm 26 < 0.0001

100 cm 7 0.1430
200 cm 10 0.0093

Room1 30 cm 21 < 0.0001
105 cm 4 0.6565
205 cm 8 0.0654

Room2 30cm 25 < 0.0001
105cm 16 < 0.0001
205cm 6 0.2730

Table 2: (Center column) Number of ”correct” estimations -
by definition: answers with a maximum error of ∆αmax = 20◦

are regarded as ”correct” in a total number of 36 estimations
- (Right column) probability to achieve at least that number
of ”correct” estimations in a choice by chance scenario.
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The limit of ±20◦ was chosen, because it seemed
reasonable. A similar calculation was be done for
other sizes of the maximum allowed error range. The
probability changes slighty. It is worth to note that
in all the three closest-distance cases the probability
for guessing remains below 1 · 10−3, even if the correct
angle range is set to one single angle. This indicates,
that it is possible to estimate the direction of the wall
very accurately in the assessed close distances cases.
A similar result was found for the 105 cm-distance
in Room2. Only if the range of correct angles was
set to the single exact angle, the probability was
slightly higher than 0.05. Starting from an error of
±4 ◦ the probability for guessing was clearly below 1·10−3.

Individual performance
Fig. 5 gives an overview of the individual results in average
over the closest positions in the three different rooms.
Most participants estimated the direction of the wall with
an error below 20◦. That indicates they could hear the
wall and approximately locate its direction.

But few subjects already show an average error around
90◦ and higher for the distances of 25 cm/30 cm, which
indicates they could not make use of the acoustical
cues that helped others detecting the wall. It has been
observed in other experiments on the perception of room
acoustical details, that not everybody is able to perceive
small differences or is at least not able to make sense
of it in terms of fulfilling the tasks in the experiments.
That might be due to a lack of training and experience
or due to confusion by the test setup. Most participants
experienced a virtual acoustic environment generated
with dynamic binaural reproduction in combination with
a head-mounted display for the first time. The test
conductor repeated the explaination several times, if a
participant showed confusing results. Still it cannot be
excluded, that in few cases ongoing confusion was an issue.

Figure 5: Individual error in azimuth - mean over all results
for the closest distance in the 3 different rooms.

Influence of room acoustical properties
It was expected, that estimating the direction of the wall
would be easiest for the single reflecting surface in an
anechoic environment. To analyze whether there is an
influence of the room on the performance, the data was
checked for differences in accuracy of the estimations.
Because the absolute error is not normally distributed,
the Mann-Whitney-U-test/Wilcoxon-ranked-sum-test was
used to check for significant differences between the room
settings. For this procedure, it was assumed, that a
difference of 5 cm in the distance to the wall does have a
significant effect, though this has not been proven yet.

For the closest and the farthest of the tested distances,
no significant influence of the room could be found. But
absolute errors for the 100 cm in the 1Wall scene as well
as for 105 cm in Room2 were significantly lower than for
Room1. This suggests that a more reverberant room is
impeding the localization of a close wall.

For the medium distance no significant differences in
accuracy between 1Wall and Room2 could be found. But
for 1Wall the probability to achieve the given result
by guessing was with 14% still quite high, compared
to Room2. It would be surprising to have a better
performance in the office room with furniture, than
for the anechoic room with one single wall, but it
would be in line with observation from [1]. Maybe the
office is a more natural listening environment and the
scene in the anechoic room is confusing. The results
of this experiment allow no clear statement. Further
studies are necessary to answer this question satisfactorily.

Future work
Besides a detailed physical analysis of the measured obrirs,
interesting next steps would be the investigation of more
distances with the attempt to quantify some dependencies.
The measured impulse responses provide a nice database
to start with.

In this investigation, the avatar’s speech was provided
and only direction (and in the exploration phase the
position) could be controlled by own similar movements.
This reduced the level of interaction and a certain
imagination was required to regard that speech as the
own. Still it is assumed, that this approach makes the
task of finding the wall easier, because the speech was
relatively constant and continuous. The participant
could concentrate on listening for differences. Of course,
it would be of interest to verify, whether this assumption
is correct. A similar investigation should be conducted in
which the participants are actually asked to produce the
sounds themselves.

Summary
A psychoacoustic experiment was conducted in order
to study the capabilities of humans to perceive and
localize a virtual wall by purely acoustical cues. Oral
binaural room impulse responses were obtained from

Virtual Reality Neidhardt et al.

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

114



measurements with a KEMAR 45BC using the mouth
simulator in different distances to the wall as well as
in three different room settings. For the auralization,
dry male speech signal was dynamically filtered with
obrirs corresponding to the current orientation (and in
the training also the current position). 18 participants
were asked to turn around until they thought to be
facing the virtual wall. They achieved a quite accurate
estimation for the shortest distance of 25 cm/30 cm. With
increasing distance and increasing complexity of the
reflection pattern less participants were able to identify
the direction of the closest wall.
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Appendix
Fig. 6 illustrates the three different room settings and the
positions, where KEMAR 45BC was placed to measure
obrirs for the different directions with a 4◦ resolution in
azimuth.
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Figure 6: Measurement positions in the different rooms: (top) anechoic chamber with a big wooden plate as a single reflecting
surface - (middle) empty office space - (bottom) same office with furniture
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Abstract

We propose a method of ambisonic soundfield navigation based on optimized directional decomposition that extracts
ordered directional signals and estimates signal path distances using a correlation matrix. The method allows for
room-scale soundfield navigation using a single ambisonic microphone signal. In comparison to other source-based
navigation approaches, our approach more accurately handles differences between direct sources and reflections, which
results in more plausible behavior when translating in spaces with many observable reflection points. Further, we show
our method is efficient in computation and memory and integrates easily with existing ambisonic binaural rendering
solutions. We evaluate the quality and accuracy of our translation method using synthetic signals convolved using
image-source-method generated B-format room impulse responses.

1 Introduction
The ability to virtually explore an ambisonic soundfield
has significant applications in virtual-reality and relevant
room-scale experiences. Ambisonics [1, 2, 3, 4, 5]
describes the spherical soundfield around a point. The
soundfield can be binaurally rendered [6] to allow a listener
to experience the three-dimensional (3D) soundfield
from that point. We can model the corresponding
listener’s head orientation using an arbitrary soundfield
rotation [7]. To enable listeners to explore virtual scenes
more accurately and immersively, we must also enable
soundfield navigation.

A number of methods have been proposed for ambisonic
soundfield navigation. A method using virtual loud-
speaker sources involve the projection of ambisonic signal
onto a virtual loudspeaker array, usually using either a
mode-matching or MaxRE decoder [8]. The signals at
each loudspeaker are then adjusted based on a point-
source model (which will be explored in more detail in
the following section) that scales and shifts them relative
to the listener’s translated position. This technique is the
virtual equivalent of listener navigation inside a physical
loudspeaker array. Plane-wave expansion [9] similarly
projects the signal into a dense set of directional plane-
waves and adjusts the phase of the plane-waves based on
the angle of the translation.

Soundfield re-expansion [10] is a spherical harmonic /
multipole translation technique that employs a frequency-
dependent matrix transform to re-expand the spherical
harmonics around a translated position. An efficient real-
valued multipole translation method was discussed by
Zotter [7] and Baumgartner demonstrated a fast time-
domain re-expansion method [11]. Tylka and Choueiri
[12] have compared these navigational techniques in terms
of reconstruction accuracy over wideband frequencies
with navigation distances up to 1 meter from the
origin. Additionally, Zheng [13] proposed a navigation
method that involves extracting sources using blind source
separation (BSS) [14] and reconstructs the scene by re-

balancing the amplitudes of the extracted sources.

A number of approaches has been also been proposed for
the case where multiple ambisonic microphone inputs are
available. Southern et al. [15] proposed to interpolate
linearly between virtual microphone signals using B-
format room impulse responses (BRIRs). Tylka and
Choueiri [16] proposed a regularized least-squares re-
expansion translation method that uses multiple am-
bisonic signals with accuracy that scales with maximum
available spherical harmonic degree. A notable issue with
all listed methods is the inability to characterize the
response of the room as a function of observer location.

2 Proposed Method
We propose a soundfield navigation method based on
an ordered time-domain directional decomposition and
path distance estimation using a similarity matrix and
a minimization routine. The method allows for efficient
room-scale soundfield navigation using a single ambisonic
microphone signal. In contrast to other source-based
navigation approaches, the new approach more accurately
differentiates between direct sources and reflections, which
results in a more natural behavior when translating in
spaces with many observable reflection points.

We first outline the algorithm and then discuss the
various components in more detail. As a first step
we perform a directional decomposition of the input
signal. The directional decomposition provides an ordered
set of directional input signals. The second step is
the construction of a similarity matrix of all extracted
signals. We use the similarity matrix to label each
of the directional signals as being either a direct-path
signal or a reflection. Given initial path distances for
the direct signals, we estimate the path distances of the
reflections. With this information extracted, we can start
the translation process. We filter the ordered directional
signals with filters that adjust for their distance to the
translated origin (the filters are based on Bessel functions).
Next, we re-encode the ordered set of directional signals
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with new angles based on the translation vector. We then
recompose an ambisonic representation for the translated
origin. Finally, we rotate the soundfield based on head
orientation and either perform a binaural rendering or
project the result onto a loudspeaker array.

2.1 Directional Decomposition
We perform directional decomposition as a first step
towards obtaining a signal representation that facilitates
translation of the observer (the origin). We first explain
the method we use for directional decomposition. We
conclude the section with a brief discusson of the
inverse transform, which is implicit in the directional
decomposition.

The directional decomposition is implemented using a
matching pursuit [17] algorithm. At each iteration the
algorithm seeks a directional subspace of the input that
maximally reduces its residual. This continues until a
desired number of signals have been extracted or a residual
threshold has been reached. Typically the number of
directional signals greatly outnumbers the number of
ambisonic channels.

Consider a time point (for temporal representations) or a
time-frequency point (for time-frequency representations)
of an ambisonic representation (e.g., [4, 5]) of order N
characterized by a set of (N + 1)2 coefficients Bmn , where
n and m denote spherical harmonic degree and index
respectively. Our goal is to approximate these coefficients
with an expansion into a finite set of plane waves that
represent directional signals. That is, if we have a set
of virtual plane waves I with directions (θi, φi), where
θ is azimuth angle and φ is elevation angle. Then each
ambisonic coefficient is represented as

Bmn =
∑

i∈I
SiY

m
n (θi, φi) + ε1×1 (1)

= Y mTn S + ε1×1 (2)

where Si is the signal amplitude of the plane wave
component at (θi, φi), Y

m
n are spherical harmonics, εγ is

an error of dimensionality γ. The amplitude is generally
complex for a time-frequency representation of the signal.
The vector Y mn = [Y mn (θ1, φ1), · · · , Y mn (θ|I|, φ|I|)]T form
a dictionary of spherical harmonics while the vector
S = [S1, · · · , SI ] is a vector of the plane wave components.

We stack all (N + 1)2 ambisonic coefficients Bmn for
a particular time (for temporal representations) or
a particular time and frequency (for time-frequency
representation) and do the same for the the spherical
harmonics vectors Y mn to obtain:

B(k) = Y TS(k) + ε(N+1)2×1, (3)

where k is the wave number, S(k) ∈ R|I|×1, B(k) ∈
R(N+1)2×1, and Y ∈ R|I|×(N+1)2 . We see that the number
of directional signals has the set cardinality |I|.
In practice, we optimize over a time region or a time-
frequency patch. Let us index the time points and or
time-frequency points. Then the time region or time-
frequency patch can be described by a set of indices L.

We assume that within the time region or time frequency
patch the direction of each directional signal is shared
across the frequencies. Then we can generalize (3) to

B = Y TS + ε(N+1)2×|L|, (4)

where B ∈ R(N+1)2×|L|, S ∈ R|I|×|L|, and |L| is the
number of time samples of the time region or the
cardinality of the time-frequency patch.

A directional decomposition that finds a set J of angle
pairs {θi, φi}i∈J corresponds to a selection of a subset
of the columns of the dictionary Y T . Hence we want
most rows of S, to be zero. Let Sj denote a row of S,
row i of Y be Yi and let us denote the residual of B for
a particular decomposition be r. Our matching pursuit
algorithm has as objective in each iteration to find the row
i that minimizes the Frobenius norm ‖r − Y Ti s‖F where
the signal s is optimized. We can write this objective as

j = argmini∈I min
s∈C1×KL

‖r − Y Ti s‖F (5)

= argmini∈I
∑

p∈P
min
s∈C
‖rp − Y Ti s‖22 (6)

= argmini∈I
∑

p∈P
−(Yirp)

2 (7)

= argmaxi∈I‖Yir‖2. (8)

Using this result, algorithm 1 describes our basic matching
pursuit algorithm. It is stopped at a certain residual error
or after a fixed number of iterations.

Algorithm 1 Directional Decomposition.

Initialize set of directions {φi, θi}i∈I
Compute dictionary Y = {Y1, · · · , Y|I|}
Set iterMax
Set errTol
r = B
J = ∅
S = ∅
iter = 0
while iter ≤ iterMax & ‖r‖

‖B‖ > errTol do

j = argmaxi∈I‖Y T
i r‖2

Sj = Y Tj r

r = r − Y Tj Sj
J = J ∪ {j}
S = S ∪ {Sj}
iter = iter + 1

end while
Output: direction set {φj , θj}j∈J and signal set S

Algorithm 1 returns increasingly consistent (independent
of initialization) values for the selected point set L for
increasingly large time regions or time-frequency patches.
However, in general the optimal point set L varies with
frequency. Depending on the physical arrangement of the
array and the geometry of the space, one or just a few
frequency bands may be sufficient. Obviously, for time-
variant spatial arrangements, the optimal point set varies
in time. Hence, the size of the time region or frequency
patch used depends on the arrangement used.
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We now discuss the invertibility of the directional
decomposition. The number of ambisonic coefficients
and the cardinality of L are finite. The number of
possible plane waves is uncountably infinite. To obtain
a practical solution to a problem of the form (4)l, the
standard approach is optimize a sparsity constraint,
typically the minimization of an L1 criterion, subject
to the condition (4) with ε = 0. Matching pursuit is
an effective method to find such solutions. However,
the constraint cannot be satisfied exactly for a typical
value of L and a relatively small number of directional
components. This implies that the inverse transform
is not exact, which is further exacerbated by the fact
that we use a conventional matching pursuit approach
rather than orthogonal matching pursuit [18] to minimize
computational effort. As is shown in section 3, the inexact
nature of the inverse transform does not preclude good
performance.

Algorithm 2 Labeling the directional components

Have ordered set of DirectionalComponents and signals
C = ∅ % ordered set of directional clusters
c = ∅ % primal sources for each cluster
set threshold
for a = 1 to J do

winnerIndex = ∅
winnerValue = 0
for b < a do

Compute Ra,b
if Ra,b > winningValue then

winnerIndex = c(b)
winningValue = Ra,b

end if
end for
if winningValue > threshold then

labela = reflection
CwinnerIndex = CwinnerIndex ∪ {a}
c(a) = winnerIndex

else
labela = primal source
Ca = {a} % new cluster
c(a) = a

end if
end for

2.2 Labeling Directional Components
In our translation approach we differentiate between
primal sources and reflections. To this purpose we
build a similarity matrix the directional components.
The |J | × |J | symmetric similarity matrix has elements
Ra,b, a, b ∈ J that indicate similarity of components.
Spectral clustering [19] or affinity propagation [20] can
be used to cluster the components. The clusters identify
components that originate from a single primal source.

Various procedures can be used to build the similarity
matrix. For time-domain representations a basic pro-
cedure measures the maximum correlation coefficient
between the components for various time shifts over a
time interval. For time-frequency representations the

absolute correlation coefficient can be used directly.

In this study, we used a basic clustering procedure that
is an integral part of the matching pursuit algorithm
described in section 2.1. For each new directional
component we compute the similarity values with all
previously extracted components Ra,b. If the maximum
of these values is larger than a threshold, the component
is identified with the corresponding cluster. At the end of
the selection procedure, for each cluster the component
first extracted by the matching pursuit algorithm is
identified as the direct component. The algorithm is
summarized in algorithm 2.

2.3 Translation
In this subsection we explain the navigation operation.
We recall that the basic paradigm is i) to use directional
decomposition to transform the ambisonic representation
into a set of directional components (a signal set S
and angular and output direction set {φj , θj}j∈J ), ii)
change the location of the observer (origin) for each of
the directional components, and finally iii) use an inverse
transformation to obtain a new ambisonic representation
for the new observer location.

The directional decomposition of section 2.1 and the
labeling of 2.2 are not sufficient for our approach to
navigation. We need to know the distance to the primal
sources and the distance to a suitable image source for the
reflected signal components. To facilitate navigation we
must additionally know the distances dj from the origin of
each primal source. This information can be determined
from physical measurements such as a distance camera,
or be postulated based on a set of reasonable a priori
assumptions. Once the distance measurements are known,
we can find the location xj of each primal source.

It should be noted that the notion of distance to the
source is, at least in principle, inconsistent with the usage
of plane waves. We make the assumption that the plane
wave representation is sufficiently accurate for all sources.

We first describe our method for navigating a sound field
for the case that we have primal sources only (the free-
field case). The distance of the source determines the
delay and amplitude reduction of the plane wave relative
to the source signal. The delay corresponds to a phased
in the frequency domain. We can determine the phase
shift and the amplitude reduction of the plane wave based
on the free-field Green’s function

G(k) =
1

4π‖xj − b0‖
eik‖xj−b0‖. (9)

where k is the wave number.

Navigation corresponds to moving the observation point
from b0 to an arbitrary location b1. This is equivalent
to using a new coordinate system for our directional
decomposition. From (9) it follows that the amplitude
and delay of the plane wave corresponding to primal
source j must be adjusted as

Sj,1(k) =
‖xj − b0‖
‖xj − b1‖

eik(‖xj−b1‖−‖xj−b0‖)Sj,0(k), (10)

Virtual Reality Allen and Kleijn

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

119



Figure 1: The convex hull and the observer prior to and
after translation.

where we added a second subscript to the source signal
Sjr to indicate the coordinate system used. We can,
furthermore compute the adjusted source direction from
the direction of xj − b1, demonstrated in figure 1.
Evaluating (10) and the direction computation for each
source j provides us with a directional decomposition
around b1. It is now straightforward to obtain a new
ambisonic representation with b1 as origin by simply
summing over the directions j ∈ J as in (2) in the new
coordinate system.

For non-trivial scenes, the free-field monopole source
approach is insufficient. The free-field scenario poorly
approximates scenes with any form of directional rever-
beration (i.e., small rooms, hallways, etc.). The well-
known image-source method [21, 22] links the acoustics
of convex rooms with known reflection coefficients of
their walls with an equivalent free-field scenario. In our
context, this equivalence implies that each directional
component that is not a primary source can be represented
as an image source within a free-field scenario. The
directional decomposition provides us with the direction
of the image source corresponding to the reflection. Thus,
the remaining task for finding the location of the image
source is the estimation of its distance to the observer
(prior to navigation). Once we have the locations of the
image sources, we can apply the same approach as we
used for the primal sources.

Each image source is associated with a cluster that
contains a set of image sources and one primal source as
determined by algorithm 2. To determine the distance to
the image source we can use its relative attenuation and
phase relative to the primal source. Let Sj,0(l), j ∈ Jc
be a time-frequency sample l of the amplitude signal of
source j in cluster Jc. Let j = jc indicate the plane wave
emanating from primal source for the cluster, located at
xjc with the other plane waves in the cluster corresponding
to image sources located at xj , j ∈ Jc, j 6= jc. Ideally
the plane waves in cluster c then satisfy.

Sj,0(k) =β
‖xjc − b0‖
‖xj − b0‖

eik(‖xj−b0‖−‖xjc−b0‖)Sjc,0(k),

j ∈ Jc, j 6= jc, (11)

where β is the multiplication of the reflection coefficients
for the reflective path. Our method requires that a
reasonable value for β is selected. Since ‖xjc−b0‖, Sj,0(k),
and Sj,0(k) are known, this facilitate the computation of

‖xj−b0‖. In practice we can obtain an improved estimate
of ‖xj − b0‖ by minimization over a time-frequency patch
L:

‖xj − b0‖ = argmin
d

∑

l∈L

‖Sj,0(kl, l)− β
‖xjc − b0‖

d
eikl(d−‖xjc−b0‖)Sjc,0(kl, l)‖,

j ∈ Jc, j 6= jc (12)

where Sj,0(kl, l) is the signal at time-frequency sample l,
which has wave number kl.

We note that, while (12) states a non-convex problem, its
solution can be obtained with a simple line-search over
a range of reasonable values. Once ‖xj − b0‖ is known
for an image source, its location can be computed. The
translation problem can now be solved as the free-field
problem discussed earlier.

The computational and memory costs of the technique are
relatively low and we found our unoptimized implementa-
tion of the technique could function in near real-time on
a consumer desktop. The performance and quality of the
technique is scalable by adjusting |I|, iterMax, errTol
and time-freq sparsity of B during algorithm 1.

3 Experimental Results
In this section we discuss the experimental results. We
start with an overview of the simulation setup, and then
discuss the observed results.

3.1 Simulation Setup
We evaluated the perceived accuracy of the translation of a
third-order ambisonic soundfield for the proposed method
and three reference methods. The reference methods were:
virtual loudspeaker sources [8], plane-wave decomposition
[9], and soundfield re-expansion [10].

Experiments were carried out using ambisonic room
impulse responses (RIRs) generated by the image-source
method. Each experiment consisted of one, two or, three
sound primal sources and a listener inside one of three
possible rooms of varying size and damping. Two RIRs
were computed and convolved with each sound source,
once using the listener’s original position and once again
using the translated position. We produced the original
soundfield by summing the convolved sources for the
listener’s original position and the translated soundfield
by summing the convolved sources for the translated
position.

Three room sizes were used; small (2.7 m width x 3 m
depth x 2.4 m height), medium (4 m width x 5 m depth
x 3 m height), and large (5 m width x 6 m depth x
3.5 m height), with frequency-independent wall reflection
coefficients for small (0.7 walls, 0.6 floor/ceiling), medium
(0.8 walls, 0.7 floor/ceiling), and large (0.9 walls, 0.8
floor/ceiling). The available positions to place sources
and listeners in each room were chosen randomly from
positions sampled from a 0.5 m-wide grid. The sound
sources, and a listener with an origin and translated
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Figure 2: Binaural MOS scores based on ViSQOL, for one, two, and three sources with randomly generated scenarios. The
labels represent: a) the proposed method, b) virtual loudspeaker sources, c) plane-wave decomposition, and d) soundfield
re-expansion.

position, were placed in 32 different ways in the three
different rooms, for a total of 288 experiments.

The sound sources were utterances from the TSP McGill
speech database [23]. All materials were sampled at 48
kHz.

For each experiment, we first applied each of the
four methods to the original soundfield to produce the
respective method’s translated soundfield approximation.
For the virtual loudspeaker method, we used oracle
knowledge to use the maximum loudspeaker radius from
the origin that fit inside the room. For our method, we set
as constants β = 1 and threshold = 0.5. The ambisonic
representation for each method as well as the ground-truth
was binaurally-rendered using the SADIE head-related
transfer functions [24] from Subject 002 on the 26-point
Lebedev grid. The signals were binaurally-rendered for 32
different head orientations using angles generated from a
32-point Fibonacci sphere. The resulting stereo files from
each method were compared to the stereo files from the
ground-truth using ViSQOL [25] as an objective quality
metric. The 32 results were averaged for each method for
each experiment.

3.2 Results
Box-plot results for the experiments are shown in figure
2. Each individual figure shows the result for a particular
number of primal sources (one, two, or three). The three
figures look similar, which means that the number of
primal sources does not affect performance significantly
for any of the methods.

The figures show that the proposed method performs best,
with a mean opinion score that usually is between 4 and
5 (representing good and excellent). The straightforward
plane-wave decomposition generally performs well. How-
ever, it is apparent that the lack of distance information in
the plane-wave decomposition results in reduced quality.
The low score is due largely to a significant low-pass effect
as the observer moves away from the origin. The quality of
the method using virtual loudspeakers varies more widely
in quality than the plane-wave decomposition method,
even given the optimal loudspeaker radius. The re-
expansion method performs worst. Its poor performance
is expected, as the ambisonic soundfield is inaccurate at
the listener location after translation and high frequencies

will produce spurious errors at the relatively-low third
ambisonic order (e.g, [26]).

In addition to the objective quality tests, we performed
extensive informal listening. The informal listening
results are consistent with the objective results. We also
informally evaluated our method with real soundfields
and found that it produced plausible translations of real
scenes.

4 Conclusions
The ambisonic soundfield representation is accurate within
a ball with frequency-dependent radius near the origin.
Outside the this region the accuracy decreases rapidly
[26]. Hence, to facilitate navigation the ambisonic
representation must be extended with a model of the
acoustic environment. We have shown that a model
paradigm that i) decomposes the sound field into rays
and ii) determines a distance to the source for each
ray can provide a plausible sound-field scenario when
the listener navigates the sound field. Our experimental
results confirm that our approach provides significantly
better perceived quality than a straight sound-field re-
expansion. Our experimental results also show that our
approach performs better than competing methods with
less descriptive environmental models such as the plane-
wave expansion and a virtual loudspeaker based model.
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Abstract

Reproducing diffuse sound fields such as reverberation, audience noise or rain using loudspeakers is an important
part of creating surrounding and enveloping spatial audio. This paper presents the results of two listening tests
that investigate how the inter-channel correlation between loudspeakers affects the perceived diffuseness. In the
first experiment inter-channel cross-correlation coefficient (ICC) was varied for pink noise stimuli reproduced using
4 different loudspeaker layouts and at two listening positions. In a second experiment, 1/3 octave noise stimuli
were investigated in a similar manner using variable ICC and two listening positions. The ICC was found to have a
large effect on the perceived diffuseness in both experiments and for all frequency bands (125 Hz, 1 kHz and 8 kHz)
where correlation between loudspeakers would reduce the perceived diffuseness. Although frequency was found to
be a significant factor, the ICC and listener position had larger effects with although moving off-centre only reduced
the perceived diffuseness when fewer loudspeakers were used. Off-centre appears more robust to small amounts of
correlation between loudspeakers as the loudspeakers signals no longer arrived at the listener at the same time.

Introduction
This paper presents the results of two listening tests
investigating how the correlation between loudspeakers
affects the perception of diffuseness. The theoretical
diffuse sound field is one created by an infinite number
of uncorrelated plane waves coming from all directions.
Sound fields such as the late part of reverberation,
audience noise, or rain are often considered diffuse as the
sound field approximates this theoretical diffuse sound
field. These sound fields play a vital role in creating
enveloping[1], engulfing[2] and surrounding auditory
experiences. However, to recreate the exact sound field
using loudspeakers is impractical or impossible. Individual
loudspeakers would be required for each direction of rain
drop or acoustic reflection and the data requirements
are huge with each loudspeaker requiring a separate
uncorrelated signal. However in reproduced audio, it
is only important that the signals are perceived as diffuse
rather than an accurate recreation of the entire sound field.
The experiments in this paper show how the perception
of the diffuseness of a sound field will change as the
correlation between the loudspeaker signals is increased.

The first experiment uses full bandwidth pink noise with
variable cross-correlation coefficient between loudspeakers.
Four loudspeaker layouts and two listening positions
were used to investigate how this inter-channel cross-
correlation coefficient (ICC) varies with the number of
loudspeakers but also across the listening area. From this
experiment the ICC was found to be highly significant
and important to high diffuseness perception. However
the summation of signals that are correlated between
loudspeakers will depend on both the frequency of the
signals and the listening position. For this reason, the
second experiment used three narrow 1/3 octave band
noise signals with centre frequencies of 125 Hz, 1 kHz and
8 kHz to investigate any dependence on frequency.

Experiment 1: Inter-channel Cross-
correlation Coefficient
Other authors [3] and papers [4] have shown the number
of loudspeakers to be a highly significant factor for
creating diffuse and enveloping sound fields. However
the signals with which the loudspeakers are driven will
also determine the overall perception of diffuseness or
envelopment. Experiment 1 looks at how the correlation
between loudspeakers affects the perceived diffuseness
using wide bandwidth pink noise.

Stimuli
Stimuli with variable inter-channel correlation were
created by mixing a set of signals that are uncorrelated
between all loudspeakers with a common signal that is
the same for all loudspeakers. Therefore the signal for
the n’th loudspeaker is given by,

yn(t) =
1√
N

(√
(1− a)xn(t) +

√
ac(t)

)
, (1)

where N is the number of loudspeakers, xn(t) is a pink
noise signal that is uncorrelated between loudspeakers
and c(t) is a pink noise signal that is common for all
loudspeakers. The variable a is defined as the Inter-
channel Cross-correlation Coefficient (ICC) and is equal
to the cross-correlation coefficient between any two
loudspeakers. It holds that,

Rij = 〈yi(t)yj(t)〉 =




1 a a a

a 1 a
. . . a

a a 1
. . . a

. . .
. . .

. . . a
a a a a 1



, (2)

where Rij is the cross correlation coefficient matrix, yi
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Floor Lower Head-height Upper Ceiling
Elevation◦ -56 -56 -20 -17 -24 -17 -20 0 0 0 0 0 0 27 26 24 32 24 27 52 52 90
Azimuth◦ ±45 ±135 0 ±45 ±90 ±135 180 0 ±30 ±60 ±90 ±120 180 0 ±30 ±45 ±90 ±135 180 ±45 ±135 0
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d
sp

ea
ke

r
L

ay
o
u
t

Stereo* 3
5.0 3 3 3
9.0 3 3 3 3 3

0/12/0 3 3 3 3 3 3
12/12/13 3 3 3 3 3 3 3 3 3 3 3 3 3 3 3 3 3 3 3 3 3

Table 1: Positions of loudspeakers for the four test layouts. *Uncorrelated stereo was only used as a hidden anchor.

and yj are the signals for the i-th and j-th loudspeakers
respectively. 〈.〉 denotes averaging and a is the ICC (the
cross-correlation coefficient between any two different
loudspeakers). Therefore, this method of varying the
correlation between loudspeakers allows a single value—
the ICC—to represent the similarity between all the
various combinations of loudspeaker pairs.

The four chosen loudspeaker layouts were standardised
5.0 and 9.0(5+4) layouts [5, 6] as well as two layouts
of loudspeakers evenly distributed in azimuth around
the listener and labelled as 0/12/0 and 12/12/13. The
labels of the latter two layouts relate to the number of
loudspeakers below/at/above head-height. These four
layouts were rated at 50, 60, 68 and 78 respectively
on an arbitrary scale of perceived diffuseness in a
previous experiment [4] ranging from moderate perceived
diffuseness to high perceived diffuseness when using
uncorrelated pink noise. The layouts also feature two two-
dimensional layouts and two three-dimensional layouts.
There are also two layouts with more loudspeakers in
front of the listener and two layouts evenly distributed
in azimuth around the listener. The positions of the
loudspeakers in each layout are shown in table 1.

The six values chosen for the ICC were 0 (all uncorrelated),
0.2, 0.4, 0.6, 0.8 and 1 (all loudspeakers have identical
signals).

Finally, for the two listening positions, the on-centre
listening position was in the middle of the room and the
point of time and frequency alignment. The off-centre
listening position was 80 cm to the right of centre. this
equated to half the distance to the loudspeaker at ±90◦

and is similar to a large sofa in a domestic listening
scenario. However, to reduce the length of the test, only
the most and least diffuse layouts (5.0 and 12/12/13) were
included for the off-centre position.

These variables led to 36 test stimuli (24 on-centre and
12 off-centre).

The Listening Room
The listening tests were both performed in the Audio
Lab at the University of Southampton with R60 of 0.12
s ±0.02 s in 1/3 octave bands between 125 Hz and 8
kHz. The 39 Kef HS3001SE loudspeakers mounted to the
walls, floor and ceiling were equalised in 1/3 octave bands
from 95 Hz to 20 kHz. Below 95 Hz a -24 dB per octave
roll off followed the approximate frequency response of
the loudspeakers. Digital delay compensated for the
differing propagation delays between the loudspeakers
and the central listening position to the nearest sample
(the sampling frequency was 48 kHz throughout).

Loudness Alignment
The correlation between loudspeakers will also affect
the loudness of the stimuli. Uncorrelated signals add
incoherently (by power) whereas correlated signals add
coherently (dependent on amplitude and phase). To avoid
bias from loudness differences, the loudness was aligned
subjectively using a preliminary listening test.

The alignment gains were found using an adjustment task
in which listeners were asked to match the loudness of a
test stimulus to the loudness of a reference stimulus. The
stimulus 12/12/13 with ICC=0 was used as the reference
due to consistency of sound pressure level across the whole
listening area. Two seconds of the reference were followed
by two seconds of the test stimulus. Two buttons allowed
either +1 dB or -1 dB of gain to be applied to the test
stimulus before the reference and test stimuli were relayed.
This process was repeated until the listener was happy
the loudness of the two stimuli was identical. The listener
could then click the next button to load a different test
stimulus until all stimuli had been adjusted relative to
the reference.

Each stimulus was adjusted twice by each of the 3 listeners.
The mean values are given in table 2. The loudness
alignment gains from the on-centre listening position were
also used off-centre.

ICC
0 0.2 0.4 0.6 0.8 1
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Stereo* 0.667
5.0 -0.333 -0.167 1 0.333 0.5 0.5
9.0 -0.167 0.167 -0.167 0 -0.333 -0.833

0/12/0 -0.5 -0.667 -0.333 -1 -1 -1
12/12/13 0.167 -0.333 -0.667 -1.5 -1.5 -2.167

Table 2: The loudness alignment gains for each combination
of loudspeaker layout and ICC. * Stereo only used as hidden
anchor.

In addition to the adjusted loudnesses, ±2 dB of uniformly
random gain variation randomised any residual loudness
difference bias.

Stimuli presentation
A MUSHRA based methodology [7] was used to elicit the
perceived diffuseness for all stimuli. Every page included
the stimulus 12/12/13 with ICC=0 as a reference and
uncorrelated stereo as a hidden anchor.

Listeners rated the stimuli on a scale of 0 to 100 in terms
of perceived diffuseness. The description of diffuseness
given to listeners for both experiments was based on the
description of envelopment from [8] with additional advice
considering the likely phasiness of the signals. This was:

Diffuseness is the degree of being
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Figure 1: Box plots of mean perceived diffuseness ratings from each listener. Outliers are labelled with Listener IDs.

surrounded/enveloped by the sound field.
This may be heard when standing and listening
to the rain hitting the pavement; applause in
a concert hall; atmosphere or air conditioning
(room tone). Being able to localise the source
of the sound will decrease diffuseness. Holes
(an absence of sound from a certain directions)
would normally reduce diffuseness. Feeling the
sound inside your head or as moving/unstable
sources would also usually be less diffuse.

Each stimulus was rated 3 times by each of the 12
postgraduate/undergraduate listeners.

Results
All listeners were consistent between repeats and congru-
ent with each other and so no listeners were excluded
from analysis. The three repeats for each stimulus were
averaged to give a single value for each stimulus for each
listener and the results are plotted in figure 1. The mean
ratings for each stimulus are plotted in figure 2.

ANalysis Of VAriance (ANOVA), shown in table 3, shows
loudspeaker layout and ICC to be statistically significant.
Listener position is not significant on its own although
the interaction between layout and listener position is
significant as is the interaction between the ICC and
layout. ICC has the largest effect and layout the second
largest effect on the rated diffuseness.

Discussion
In this section the features of the results shown in figure
2 are separated and discussed.

Figure 2: Mean diffuseness ratings for all stimuli.

Effect of ICC and Layout

The perceived diffuseness rating is strongly dependent on
the ICC. At low ICCs, the perceived diffuseness is high
and is dependent on the layout of the loudspeakers with
more loudspeakers perceived as more diffuse. When the
ICC is 0.4 or above the differences between layouts is
very low with the perceived diffuseness independent of
the number of loudspeakers. All arrangements at ICC of 1
give a perceived diffuseness less than uncorrelated stereo.
Interestingly, on-centre and at medium ICCs, 12/12/13
is less diffuse than the other loudspeaker layouts despite
having the most loudspeakers and being most diffuse at
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Source Type III Sum of Squares df Mean Square F Significance
Corrected 387162.207 39 9927.236 59.315 .000
Intercept 698385.725 1 698385.725 4172.820 .000

Loudspeaker Layout 93002.997 5 18600.599 111.138 .000
Listener Position 308.054 1 308.054 1.841 .176

ICC 242253.728 5 48450.746 289.491 .000
Loudspeaker Layout * Listener Position 6149.968 3 2049.989 12.249 .000

Loudspeaker Layout * ICC 15636.186 15 1042.412 6.228 .000
Listener Position * ICC 1111.106 5 222.221 1.328 .251

Loudspeaker Layout * Listener Position * ICC 1804.614 5 360.923 2.156 .058
Error 73640.780 440 167.365
Total 1699112.285 480

Table 3: ANOVA for all stimuli from Experiment 1. R Squared = .840 (Adjusted R Squared = .826)

low ICCs although this is not statistically significant.

Moving Off-centre, ICC=0

With fewer loudspeakers (in the case of stereo and 5.0), as
the listener moves off-centre, the perceived diffuseness
decreases as the listener becomes more aware of the
loudspeaker(s) they are approaching. In stereo these
loudspeakers are obviously turned off and in 5.0 the rear
right loudspeaker becomes easy to localise. For the layout
12/12/13, which is more homogeneous, the perceived
diffuseness remains more similar as the listener moves
off-centre. The explicit reference that is available in both
listening positions normalises the top of the scale for both
listening positions. However, the same trend has been
reported in [4] without explicit reference.

Off-centre, ICC=0.2

When off-centre there is very little difference between
ICC=0 and ICC=0.2. It is suggested that on-centre,
where the signals are time aligned, it is possible to detect
the small addition of the correlated component. However
when off-centre, the signals are not time aligned and
the differences between ICC=0 and ICC=0.2 are harder
to detect. This can be seen as a robustness to small
amounts of correlation when moving off-centre. However,
the robustness off-centre to ICC changes does not apply
at high ICCs where the dependence of the perceived
diffuseness on both layout, listener position is once again
negligible with all layouts and listener positions rated
equally not diffuse.

Summary
Some of the results of this experiment are exactly as
expected. When the loudspeaker signals are uncorrelated
it is the quantity and arrangement of loudspeakers that
determines the perceived diffuseness and increasing the
ICC reduces the perceived diffuseness. What is interesting
is the degree to which the ICC plays a role. With a high
ICC the effect of both the layout of the loudspeakers
and the listener position is negligible. Highly correlated
signals are perceived less diffuse than uncorrelated stereo
regardless of the number of loudspeakers.

The effect of ICC is also interesting off-centre where
the perceived diffuseness decreases for layouts with few
loudspeakers at low ICC but increases for layouts with
many loudspeakers and low ICC. At high ICC there
appears no effect of moving off-centre as once again all

layouts are perceived as equally not diffuse. These results
show that in order to achieve high perceptual diffuseness,
many uncorrelated loudspeakers are required. Although,
when the listener is off-centre, the signals do not all arrive
at the same time and we believe that this means that an
ICC value of 0.2 is less degrading off-centre than it would
be on-centre.

Experiment 2: Frequency Depen-
dency
The first experiment looked at full bandwidth signals
however the interaction between the coherent components
of the stimuli (in any stimulus without an ICC of 0) is
complex. The signals form an interference pattern that is
a function of both frequency and position. In addition,
the limited spacing of the human ears leads to a high
correlation between the ear signals at low frequencies
regardless of the ICC. For these reasons, in the second
experiment, frequency was added as a variable. It was
predicted that for low frequencies the ICC would have
less effect on the perceived diffuseness where the long
wavelength relative to the interaural distance would make
differentiating conditions more difficult. Also it was
predicted that moving off-centre would have the same
effect as decorrelating the signals and therefore reduce
the effect of increasing the ICC. This would be more
noticeable at high frequencies where the highly detailed
time structure is effectively decorrelated with shorter time
shifts than at low frequencies. It was these hypotheses
for high and low frequencies that the second experiment
was designed to test.

Stimuli
Narrow 1/3 octave bandwidth noise signals were generated
for three centre frequencies (125 Hz, 1 kHz and 8 kHz).
The low frequency band was as low as possible considering
the frequency response of loudspeakers. The high
frequency band was chosen to allow a high modal density
when off-centre. The bandwidth was wide enough to be
perceived as noise like for all centre frequencies without
exciting much more than a single critical bandwidth.

The off-centre listening position was changed from the
first part of the experiment to be 1 m to the right of
centre. This was done to hopefully increase any effects of
moving off-centre by increasing the time between arriving
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wavefronts.

The layout 12/12/13 was chosen as the loudspeaker
arrangement for the second experiment as this had a
smaller difference in perceived diffuseness when moving
off-centre. The reproduction system was identical to that
in the first experiment.

The ICC values also the same as for the previous
experiment (0, 0.2, 0.4, 0.6, 0.8 and 1) and were generated
in the same way, using a summation between a component
uncorrelated between loudspeakers and a component
common to all loudspeakers (equation 1).

As with experiment 1, subjective loudness alignment was
used to avoid the bias of loudness. In this case there were
3 listeners who sat 2 repeats. The alignment gains for
each of the stimuli are given in table 4. Also in this case
additional random gain of ±2 dB was added.

Listener Frequency ICC
Position 0 0.2 0.4 0.6 0.8 1

On-centre
125 Hz 2.125 1 0.875 0.625 0.375 -0.125
1 kHz 0 0 0.25 0.5 0.625 0.875
8 kHz 0.375 0 0.375 0 0.125 0.125

Off-centre
125 Hz 2.625 2 2.125 2.125 2.25 2.5
1 kHz 0 0 0.125 0.5 0.25 0.375
8 kHz 0.25 0 0.375 0.375 0.375 1.125

Table 4: Alignment gains in dB for Experiment 2.

Listener Response Methodology
The first experiment showed a large effect of the ICC
on the perceived diffuseness. The second experiment
was concerned with whether the dependence on ICC
is also consistent with frequency. It was decided that
comparing different frequency bands with different ICCs
would be too complex a task and so the test was
reduced to compare a stimulus with another stimulus
of the same frequency. However if a MUSHRA type
user interface is used and comparisons are only made
between stimuli of the same frequency then listeners
can view the whole range of perceived diffusenesses for
that particular frequency on a single page and there is a
risk that range equalisation bias [9] might normalise the
differences between frequencies and hide any differences
in perceived diffuseness. The alternative chosen was to
use an A/B type experiment [10] with only two stimuli
to compare at once and both at the same frequency.
A slider was used to elicit the difference in perceived
diffuseness between a reference stimulus (with ICC=0)
and a test stimulus (with variable ICC but the same centre-
frequency). The disadvantage of only comparing stimuli
with stimuli of the same frequency is that there is then no
data to compare the relative diffusenesses of the different
frequency bands. Therefore additional comparisons were
added that compare the references for each frequency
band which were all uncorrelated. Because the references
are completely uncorrelated the task is simplified relative
to comparing both frequency and ICC differences at the
same time. All the comparisons are shown in the table 5.

To perform these comparisons, a user interface was used
that featured two buttons labelled A and B which would
play 2 s bursts of two stimuli (with 10 ms fade in and

Reference Stimulus
Frequency 125 Hz 1 kHz 8 kHz

ICC 0 0 0

125 Hz

0 3
0.2 3
0.4 3
0.6 3
0.8 3
1 3

T
es

t
S

ti
m

u
lu

s

1 kHz

0 3A 3
0.2 3
0.4 3
0.6 3
0.8 3
1 3

8 kHz

0 3B 3C 3
0.2 3
0.4 3
0.6 3
0.8 3
1 3

Table 5: Comparisons used in experiment 2. All stimuli
use the 12/12/13 loudspeaker arrangement. 3ABC are the
comparisons between different frequencies (inter-frequency).

out to avoid clicking). One stimulus would be ICC=0 as
the reference and the other would be the test stimulus
with either an ICC between 0 and 1 but with the same
centre-frequency or with an ICC of 0 but a different centre-
frequency. The listener would then decide which of the
two was most diffuse and then move the horizontal slider
in that direction depending on how much more diffuse
they perceived that stimulus. The slider was labelled “A
is much more diffuse than B” (slider fully left), “A and
B are equally diffuse”(slider in the centre) or “B is much
more diffuse than A”(slider fully right).

Each comparison was completed three times by 9 post-
graduate listeners at the University of Southampton.

Results
In this experiment there is neither a common reference
for all the comparisons nor comparisons between every
possible stimulus pair. Each frequency and listening
position is rated relative to its own reference and then,
additionally, there are comparisons between the references
in both of the listening positions. The stimuli are
therefore shown in two sections. The first section has each
listening position and frequency rated relative to its own
reference (intra-frequency comparisons) and separately
the comparisons between the frequency references (inter-
frequency comparisons).

Firstly the data was screened using the standard deviation
between repeats of the same stimulus as a metric of
listener consistency. Listener 8 was found to be very
inconsistent between repeats. They also often moved
the slider when the test stimulus was identical to the
reference stimulus. For these reasons, listener 8 was
removed from the remaining analysis. The three repeats

Psychoacoustics / Hearing Cousins et al.

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

127



Figure 3: Box plots of mean ratings from each listener for intra-frequency stimuli. A rating of zero equates to the test ICC
being equally diffuse as the ICC=0 for the same frequency. Outliers are labelled with listener IDs.

Figure 4: Box plots of mean ratings from each listener.
In each case value is the diffuseness of the higher frequency
relative to the lower frequency. i.e. positive values mean the
higher frequency is more diffuse and negative values mean the
higher frequency is less diffuse.

from the remaining 8 listeners were then averaged to give
a single value as the rating for that particular comparison
for each listener. These results are shown in the two
box plots in figures 3 and 4. A value of zero represents
that both stimuli were equally diffuse, a negative value
indicates the reference was more diffuse and a positive
value indicates the test stimulus was more diffuse. In the
case of inter-frequency stimuli, the reference is arbitrarily
the lower frequency.

Listener 9 has a few outliers and tended to use more of
the bottom of the scale, but in general the listeners were
fairly congruent between each other and so only listener
8 was excluded from further analysis.

ANOVA for the intra-frequency stimuli (table 6) shows
that the listener position and the ICC have the largest
significant effects. Frequency is significant although it
has a smaller effect. The interaction between the position
and frequency is significant as is the interaction between
position and ICC.

ANOVA for the inter-frequency stimuli (table 7) reveals
that, whilst the frequencies that are being compared is
a significant factor, the fit to the data is poor indicating
the variation due to other factors (such as differences
between listeners and noise) are large in comparison to
the differences in diffuseness between frequencies.

To view the trends in the intra-frequency comparisons,
the mean ratings are taken and shown in figure 5 and
discussed in the next section.

The data from the inter-frequency comparisons is less
intuitive to understand. Therefore, to visualise the data
from the inter-frequency comparisons, the mean ratings
were combined to give a perceived diffuseness for each
frequency arbitrarily normalised to the diffuseness at 1
kHz. The inter-frequency comparisons are labelled as A
(125 vs. 1k), B (125 vs. 8k) and C (1k vs. 8k) in table
5. Therefore the perceived diffuseness of the different
frequencies — with reference to the diffuseness of 1 kHz

— can be calculated for 125 Hz by either −A or by C−B,
and the for 8 kHz by either C or −A + B. The two
alternatives were averaged so that Diffuseness125 =
(−A + C − B)/2 and Diffuseness8k = (C − A + B)/2
where A, B and C are the mean diffuseness ratings
for the inter-frequency comparisons. These relative
frequency diffusenesses, that have been calculated from
the inter-frequency comparisons, are plotted in figure 6
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Source Type III Sum of Squares df Mean Square F Sig.
Corrected Model 14.714a 35 .420 11.665 .000

Intercept 16.378 1 16.378 454.466 .000
Listener Position 2.353 1 2.353 65.298 .000

Frequency .255 2 .128 3.540 .030
ICC 10.334 5 2.067 57.349 .000

Listener Position * Frequency .254 2 .127 3.524 .031
Listener Position * ICC .810 5 .162 4.496 .001

Frequency * ICC .473 10 .047 1.311 .224
Listener Position * Frequency * ICC .235 10 .023 .651 .769

Error 9.082 252 .036
Total 40.174 288

Corrected Total 23.795 287

Table 6: ANOVA for all intra-frequency comparisons. R Squared = .618 (Adjusted R Squared = .565)

Source Type III Sum of Squares df Mean Square F Sig.
Corrected Model .632a 5 .126 3.358 .012

Intercept .509 1 .509 13.523 .001
Comparison Pair .555 2 .277 7.367 .002

Listener Position .017 1 .017 .461 .501
Comparison Pair * Listener Position .060 2 .030 .797 .457

Error 1.582 42 .038
Total 2.723 48

Corrected Total 2.214 47

Table 7: ANOVA for inter-frequency comparisons Where comparison pair relates to the differences in frequency. R Squared =
.286 (Adjusted R Squared = .201)

and discussed in the following section.

Figure 5: Mean diffuseness ratings for all intra-frequency
stimuli comparisons.

Discussion

Intra-frequency Comparisons

As in experiment 1, the ICC has a large effect with high
ICC less diffuse than the low ICC reference.

As in experiment 1, when off-centre, low ICCs have less
effect on the perceived diffuseness than when on-centre.
On-centre, 8 kHz appears to demonstrate a similar trend
with ICC=0.2 seemingly indistinguishable from ICC=0.
It is possible that the short wavelength of 8 kHz makes
even the on-centre position exhibit the same trends seen

Figure 6: Diffuseness of each frequency band calculated with
reference to the perceived diffuseness at 1 kHz.

off-centre at lower frequencies.

The stimuli at 125 Hz also show a strong significant
dependence on the ICC despite the high correlation
between ear signals at this low frequency. This was
unexpected and deserves further investigation.

In experiment 2 the listener position is also highly
significant and the lines no longer converge at high
ICC. It is possible that the MUSHRA type listening
test of experiment 1 exhibited some range equalisation
bias between the two different listening positions [9]
encouraging the use of the bottom of the scale when
off-centre and thereby hiding any differences.

The variation on-centre is greater than off-centre with
larger interquartile range and standard deviation. This
could be due to the fact that small variations in listener
position have a larger effect on-centre than off-centre.
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Alternatively, it may be harder for listeners to be
consistent when the difference in perceived diffuseness
between the reference and the test is large and whilst using
an A/B type experiment (as opposed to the MUSHRA
method from experiment 1).

Inter-frequency Comparisons

Looking at the calculated diffusenesses of the different
frequencies (figure 6) we see that on-centre 1 kHz was
more diffuse than the 125 Hz or 8 kHz bands. Off-centre,
1 kHz was equally diffuse as 125 Hz but more diffuse
than 8 kHz. Whilst the differences between frequencies
are significant, the differences are small especially when
compared to the effect of the ICC.

Summary

Even when combining the differences between the ref-
erences (the calculated inter-frequency reference dif-
fusenesses) applied to the intra-frequency comparisons,
the difference in diffuseness between frequencies is not
obvious. It is therefore suggested that to ensure high
perceived diffuseness, low correlation should be used at all
frequencies (at least 125 Hz–8 kHz) and this is especially
important on-centre. As a side note these results also
highlight the limitations of metrics such as Interaural
Cross-Correlation Coefficient (IACC) for measuring low
frequency envelopment where the perception of variable
diffuseness is strong to a much lower frequency than the
the IACC is effective.

Conclusions
Two listening tests were conducted to investigate the
relative effects of the loudspeaker layout, the inter-channel
cross-correlation coefficient, the listener position and the
centre-frequency of a stimulus. All these factors were
shown to be significant.

Loudspeaker layout is only important at low ICC values.
When the ICC is high, the diffuseness appears independent
of the loudspeaker arrangement. At the off-centre
listening position, the loudspeaker layout is even more
relevant with fewer loudspeakers perceived as less diffuse.
However, off-centre as the system is slightly more robust
to low ICCs as the signals do not all arrive at the same
time.

The centre-frequency of band-limited noise was found to
be a significant factor although with a very small effect.
This is interesting because high perceived diffuseness is
dependent on a low ICC even when the wavelength is very
long relative to the ear spacing (at low frequency) and
equally when the wavelength is very short in comparison
to the time of arrival differences between the loudspeakers
(at high frequency when off-centre).

Therefore to generate a perceptually diffuse sound field
it is important to maintain low inter-channel correlation
from at least 125 Hz to 8 kHz. Whilst off-centre the
system may be a little more robust to low amounts of
inter-channel correlation, any low amount of correlation
on-centre will reduce the perceived diffuseness.
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Abstract

The main advantages and drawbacks of Higher Order Ambisonics (HOA) versus Vector-Based Amplitude Panning
(VBAP) for 3D audio sound reproduction are well documented. However, few studies focused on the effect of 3D
audio reproduction artifacts and errors on the behaviour of hearing devices. This study compares the effect of HOA,
VBAP, and Distance-Based Amplitude Panning (DBAP) sound reproduction on the 3D directivity index of a hearing
device beamformer at the sweet spot and for two off-centered positions in a non-anechoic room using 29 loudspeakers.
Preliminary results at the sweet spot show little difference between the directivity patterns obtained with HOA, VBAP,
DBAP, and real sources. At off-centered positions, the difference between HOA and real sources increases.

Introduction
According to [1], the most important audio quality of
hearing aids is to improve the clarity of sound. Clarity of
sound is generally evaluated through speech intelligibility
tests [2, 3], the main type of test for evaluation of hearing
aids.

However, speech intelligibility tests provide no informa-
tion about spatial perception: localization, immersion,
externalization, . . . In addition, speech intelligibility tests
are for now limited to the horizontal plane, and therefore
do not cover cases where the hearing aid user is facing
downwards (e.g. when eating or taking notes during
class). In order to overcome this limitation, recent work
has focused on evaluation of hearing devices in 3D audio
environments [4, 5, 6] or in realistic environments [7, 8].

In order to simulate an auditory scene, one can find
three major families of 3D audio reproduction techniques:
binaural, wave field reconstruction, and stereophonic
techniques.

Binaural techniques aim to reproduce at a listener’s ear
canals the audio signals that would have otherwise arrived
at their ears if they had been in the middle of a real
auditory scene [9]. A number of factors limit the good
reproduction of auditory scenes via binaural techniques.
It is necessary to use individual Head-Related Transfer
Functions (HRTF), the filters that simulate the path from
a virtual source to each of the listener’s ears, and their
measurement is time-consuming. Unless a headtracker is
used, head movements are not taken into account, which
causes front-back confusions and reduces externalization
[10].

Wave field reconstruction techniques, such as Higher
Order Ambisonics (HOA) or Wave Field Synthesis (WFS),
aim to reproduce a physical copy of a given sound field
over an extended area, using loudspeakers. It may seem
the most appropriate type of 3D sound reproduction
technique for hearing device evaluation: as [11] pointed
out, hearing devices do not work the same way as the

human brain. Before amplifying the sound that it picks
up and reproduce it to its owner, a hearing aid processes
it through different directional filtering, classification,
amplification, compression and denoising stages [12]. In
that condition, using a 3D audio reproduction system
that is perceptually-based could limit the usability of the
hearing aid evaluation results.

Stereophonic techniques are loudspeaker-based techniques
that produce phantom sources between loudspeakers
through the use of time and level differences between
loudspeakers. They differ from wave field reconstruction
techniques by the fact that they are based not on physical
but perceptual rules, e.g. Vector-Based Amplitude
Panning (VBAP).

These techniques were perceptually and physically evalu-
ated in the past with normal hearing listeners [13, 14, 15,
16] but evaluations of these techniques in a hearing aid
context are sparse.

In the context of hearing devices, binaural techniques
require to use hearing aid satellites, limiting testing to
hearing aid prototypes. With binaural reproduction, it is
therefore impossible to use a listener’s own hearing aids.

Past studies on 3D audio for hearing devices therefore
focused on HOA [17, 18] at the sweet spot, i.e. at the ideal
listening point of the system. In [6], Grimm simulated
VBAP, HOA and nearest loudspeaker reproductions using
a horizontal loudspeaker array. Measurements were
performed by convolving the loudspeaker signals with
Head-Related Impulse Responses (HRIR) measured in an
anechoic room using hearing aid satellites. The simulated
listening positions were the center of the loudspeaker array,
10cm off-centered, and 50cm off-centered. However, the
off-centered positions were simulated using a correction
of the gains and delays of the loudspeaker channels and
an interpolation of the HRIR between the measurement
positions, not taking into account the change of directivity
of the loudspeakers.

However, using HOA, all loudspeakers are active all the
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time. The level of the loudspeakers close to the intended
direction of the virtual source is higher than that of
further loudspeakers, but all loudspeakers contribute to
the simulation of the sound field. When the sound field is
perfectly reconstructed at the position of the hearing aid,
this should not be problematic. However, if the sound
field reconstruction conditions are not ideal (e.g. if a
head is present in the sound field, if the order of the
HOA encoding / decoding is too low, if the hearing aid
is not located at the sweet spot, or if the disposition of
the loudspeakers is sub-optimal for the decoding), the
performance of the beamformer could be decreased [11].

VBAP uses at maximum 2 loudspeakers at a time in
2D, and maximum 3 at a time in 3D. If the hearing
aids are away from the sweet spot, the beamformer will
therefore pick up sounds that are coming from a less
erroneous direction with VBAP than with HOA. For
this reason, it was expected that the performance of the
hearing aid beamformer would be better with VBAP
than with HOA, especially for off-centered positions and
at high frequencies. VBAP’s main perceptual drawback
compared to HOA when using moving sources is that
virtual sources tend to “jump” from one loudspeaker to
the other [19].

Distance-Based Amplitude Panning (DBAP) is an alter-
native 3D audio reproduction method whose processing
is independent of the listener position [20]. The level of
each loudspeaker is inversely proportional to the distance
between the virtual source and the loudspeaker. This
reproduction technique is initially aimed at concert halls
and large listening areas, as it does not assume a precise
listener position. It was nevertheless considered for the
current study, one of the experiment variables being the
distance of the listener to the sweet spot, as discussed
below.

Aside of [6], all past studies on 3D audio reproduction
systems done in the context of hearing aids were done
only at the sweet spot. Forcing the listener to keep its
head centered heavily constrains its movements. Such
a limitation of movements can be problematic in an
experiment that aims to reproduce natural listening
conditions.

Additionally, most previous studies on the use of Vir-
tual Sound Environments (VSE) for the evaluation of
hearing aids were either done in anechoic rooms or using
simulations of sound reproduction systems [11, 6]. The
current study focuses on 3D audio reproduction systems
in a real room, similar to that used in [17]. The behaviour
of a monaural, dual-microphone MVDR beamformer
(Minimum Variance Distortionless Response beamformer)
is compared for VBAP, HOA, DBAP, and real sources,
for an artificial head located either at the center of
the loudspeaker array, 10cm off-centered, or 20cm off-
centered.

In the Experimental Conditions section, we describe the
loudspeaker setup, the 3D reproduction algorithms, as
well as the measurement conditions. The Results section
describes the results of the measurements. Finally, these

results are discussed in comparison to previous studies
and hearing devices algorithms.

Experimental conditions
Previous studies on the use of VSE for hearing devices
evaluation used anechoic rooms. Although the use of
anechoic rooms is ideal, it is also more costly and less
common than using a room with a low reverberation time.
For practical reasons, the measurements therefore took
place in a dry room designed for listening tests, with
an RT30 of 117ms. It was therefore expected that the
Directivity Index (DI) of the tested beamformer would be
lower than in an anechoic room, both for real and virtual
sources.

The loudspeaker setup consisted of 29 Meyer Sound MM4
Xp loudspeakers, shown in Figure 1:

• 8 loudspeakers every 45◦ azimuth at an elevation of
-38◦

• 12 loudspeakers every 30◦ azimuth at an elevation of
0◦

• 8 loudspeakers every 45◦ azimuth at an elevation of
39◦

• 1 loudspeaker at an elevation of 90◦

Positions of the loudspeakers were constrained by the
small dimensions of the listening room. Distance from the
loudspeakers to the center of the array was 1.5m, except
for the top loudspeaker, which was 0.92m away from the
center.

-1.5
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2

-0.5

-2

0

0.5

1

1 -1
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0 0
-1 1

-2 2

0°

Figure 1: Loudspeaker positions used for this study, in
meters. Plain straight lines indicate the 0◦ direction.

The levels and delays of all the loudspeakers were
corrected during a calibration process, to make the sound
from all loudspeakers arrive at the same time and level
at the sweet spot.

3D audio encoding and decoding was performed in Spat
[21] with MAX/MSP. Analysis of the measurements was
performed in Matlab.

For this study, all Spat room effects were removed from
the processing chain.

VBAP and DBAP decoding used Spat default parameters.
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For HOA, several decoding methods and decoding types
were tested, using a third order HOA decoding. Both
Mode-Matching and Energy-preserving decoders [22, 23]
were tested, using either basic or max − rE weighting
[24].

The maximum HOA reconstruction frequency is given by
equation (1)

fHOA ≤
c

2Πr
M (1)

where c is the velocity of sound in the air, r the diameter
of the listening area, and M the order of the decoding [11].
For r = 8.5cm, an area is defined that would contain an
average size head without being allowed to move, fcut =
1909 Hz. Above this frequency, the reconstruction error
will become larger than -14dB, which according to [11, 25,
26], should be sufficient for most hearing aids applications.

Impulse response measurements were done using KEMAR
and a dual-microphone Behind-The-Ear hearing aid
satellite, i.e. a hearing aid without any processing. The
hearing aid satellite was fitted to KEMAR’s left ear.
The measurements used 2s sweeps ranging from 100Hz
to 20kHz. Head-Related Transfer Functions (HRTFs)
were measured with the Meyer Sound loudspeakers in an
anechoic room (real sources only), to serve as a reference,
and in the measurement room (real and virtual sources).

The beamformer filter was estimated using the (0◦

elevation, 0◦ azimuth) anechoic impulse response as
the desired source and the (0◦ elevation, 180◦ azimuth)
anechoic impulse response as the noise source.

HRTFs were measured using the same hearing aid satel-
lites and KEMAR manikin for each of the loudspeakers
and for the virtual sources produced by the DBAP,
the HOA, and the VBAP systems. For each 3D audio
reproduction system, virtual sources were produced every
10◦ in elevation between -40◦ and +80◦, and every 10◦

in azimuts between 0◦ and +350◦, resulting in 29 real
source positions and 468 virtual source positions.

Results
The DI was measured using all the available measurement
points for each system, meaning that the DI measured
for real sources used only 32 positions whereas the DI
measured for the DBAP, HOA, and VBAP used 468
positions. Using the same positions for the DI estimation
would have biased the measurement, as for VBAP, for
example, the virtual sources are identical to the real
sources at the positions of the loudspeakers, resulting
in a beamformer behaving better at the positions of the
loudspeakers than in between. DI’s were measured on
a cone, integrating the impulse response measurements
over an angle of 60◦ centered on the 0◦ azimuth and 0◦

elevation. At each frequency, the gain of the beamformer
at 0◦ azimuth and 0◦ elevation was taken as a 0dB
reference. ∆DIsystem indicates how different the DIs
of these systems are to the DI of the real sources and is
given by

∆DIsystem ≤
1

F

∑

1≤f≤F
|DIsystem(f)−DIloudspeakers(f)|

(2)

where F is the number of frequency bins, DIsystem(f)
is the measurement of the DI for the 3D reproduction
technique system at frequency bin f and DIrealsources(f)
is the measurement of the DI for the reference realsources
at frequency bin f .

∆DIsystem(f) measured for the three manikin positions
and the 8 systems are summarized in Table 1.

Description
Distance to the sweet spot

0cm 10cm 20cm

DBAP 1.61 1.15 1.69
HOA, PI,

basic
2.50 2.50 2.99

HOA, PI,
maxRE

2.27 3.08 3.33

HOA, EP,
basic

2.02 2.55 2.72

HOA, EP,
maxRE

1.89 2.96 3.82

VBAP 0.96 0.92 1.84

Table 1: Summary of the difference between the DIs measured
for DBAP, HOA and VBAP systems and that measured with
real sources. Values are in dB.

At the center
Figure 2 shows the DI for all the systems tested, measured
at the sweet spot using a KEMAR manikin and hearing
aid satellites. The DI obtained with VBAP at low
frequencies is larger than that of the reference. This
is caused by the integration of the DI over a cone of
60◦ around the 0◦ direction: when the DI is computed
using only one direction versus all the others, the DI
obtained with VBAP is always smaller than that obtained
with the reference. A similar effect can be observed in
Figure 2 for all HOA decoders; this is a consequence of
a larger sound cancellation at the back with HOA at
250Hz and 320Hz. The increased DI is caused by the
room effect, as truncating the impulse responses with a
237 samples window to remove room effect shows a lower
DI at 250Hz and 320Hz, as shown in Figure 4. HOA
sound reproduction produces a drop of DI above 2kHz,
reaching its lowest point at 3150Hz. This could be caused
by the errors of reconstruction: as explained above, at
the position of the hearing aid (8.5cm off-centered on
a KEMAR manikin), the sound field reconstruction is
correct up to 1909 Hz.

Figure 3 compares the 2D polar pattern of the beamformer
obtained for sound reproduction with real sources, VBAP,
and HOA, at 500Hz and 3150Hz (the frequency at which
the minimum DI was reached for HOA). The beamformer
produces less directive patterns at high frequencies when
used with HOA. A possible explanation could be the
resulting delay between the signals. For comparison of
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Figure 2: DIs measured with DBAP, HOA, VBAP and with
real sources for a KEMAR manikin centered on the sweet
spot.
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Figure 3: Comparison of polar plots of the beamformer,
measured for real sources, for VBAP, and for HOA sounds.
The polar pattern of the beamformer for real sources was
interpolated between loudspeakers for this figure. Gains are
in dB.

this delay, the delay between the signals was estimated
at 500Hz and 3150Hz as a mean of the phase of the
transfer function from the front microphone to the rear
microphone over a bandwidth of 1/3rd octave. It was
computed for the loudspeaker measurement, the VBAP
measurement, and the HOA Pseudo-Inverse with basic
weighting measurement. The delay was then estimated
using the lag of the cross-correlation of the envelope of
the impulse response for a source coming from 0◦ azimuth
and 180◦ azimuth. At 500Hz, the effective delay between
the signals is 31 µs / -39 µs (frontal / rear source) for real
sources, 30 µs / -37 µs for VBAP, and 33 µs / -40 µs for
HOA. Delays between the signals for the front and rear
cases are close for the three types of sources compared
to what happens at 3150Hz. The delay should be close
to opposite when coming from the front and from the
rear. A possible explanation of the difference is the non
symmetrical shape of the head. At 3150Hz, the delay
between the signals is 44 µs / -27 µs for real sources,
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Figure 4: Comparison between the DI obtained with
HOA (energy preserving, basic weighting) for truncated and
untruncated impulse responses.

43 µs / -27 µs for VBAP, and -11 µs / -2 µs for HOA.
For HOA, the measured delay is widely asymmetrical,
too small compared to the real sources, meaning the
attenuation of the beamformer will be insufficient. The
absolute difference of DI between DBAP and the real
sources is only marginally larger than between VBAP
and the real sources. However, at low frequencies, DBAP
is less directive than the real sources whereas both VBAP
and HOA are more directive than the real sources.

Table 1 confirms these findings: the difference between the
reference and VBAP is smaller than between the reference
and various HOA decodings or between the reference
and DBAP. Among the HOA decoders, pseudo-inverse
decoding gives worse results than energy-preserving
decoding. It is hypothesized that the sub-optimal
positions of the loudspeakers could explain this difference.
For comparison, the difference between the beamformer
of the reference and a simulated ideal omnidirectional
microphone at the center of the loudspeaker array would
be ∆DIomnidirectional = 2.89 dB.

10cm off-centered
Figure 5 shows the DI for all the systems tested, measured
with the KEMAR head 10cm off to the left of the sweet
spot.

The HOA reconstruction error increases and the drop
frequency of the beamformer’s DI decreases. The
minimum of the DI is reached at 2500Hz instead of
3150Hz when KEMAR is located at the center of the
array. With all the HOA decoders, the DI also drops
at high frequencies. Similarly to what was observed at
the center, the energy-preserving decoding gives better
results than the pseudo-inverse decoding. DBAP and
VBAP give comparable results (∆DIV BAP =0.92 dB and
∆DIDBAP =1.15 dB).

20cm off-centered
Figure 6 shows the DI for all the systems tested, measured
with the KEMAR head 20cm off to the left of the sweet
spot.
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Figure 5: DIs measured with DBAP, HOA, VBAP and with
real sources for a KEMAR manikin 10cm to the left of the
sweet spot.
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Figure 6: DIs measured with DBAP, HOA, VBAP and with
real sources for a KEMAR manikin 20cm to the left of the
sweet spot.

The HOA DI drop frequency decreases to 1kHz, with
a second drop at 4kHz. The difference between the DI
obtained with the 3D audio reproduction systems and
the loudspeaker reproduction increases futher, and at
20cm the DI obtained with DBAP is the closest to the
DI obtained with the loudspeakers.

Discussion
At the center, at low frequencies, the beamformer polar
patterns obtained both with the VBAP and with the HOA
systems were close to the real sources. Above 1000Hz,
however, the DI of the beamformer when using HOA
virtual sources drops. A similar effect could be observed in
[11]. In Oreinos work, increasing the HOA order increased
the limit frequency. This could not be observed here, the
loudspeaker configuration being insufficiently regularly
spaced for a correct fourth or fifth order HOA pseudo-
inverse decoding. In [18], Oreinos concludes that the use of
HOA imposes the use of a low-pass filter on the processed
hearing aid signals. This is confirmed by the current
study, and the theoretical cut-off frequency is influenced

by the effect of the room in which the loudspeaker system
is located and by the allowed movements of the listener,
constraining the reliable evaluation of directional hearing
aids using HOA. However, in this study, the hearing
aid was always located at least 8.5cm from the center,
the radius of KEMAR’s head. For monaural objective
measurements, one could imagine shifting the KEMAR
manikin by 8.5cm, thus placing the ear and the hearing
aid at the center of the system, which would increase the
usable bandwidth.

In [6], Grimm used a beam pattern error as a measure
of how suitable VBAP and HOA are for hearing devices
evaluation. However, Grimm only studied 2D reproduc-
tion. In his study, using 12 horizontal loudspeakers (the
2D-equivalent of the 3D system used in the current study)
would lead to a beamformer pattern error sufficiently
low until below 2 kHz. Grimm’s study was conducted
simulating a sound reproduction system in an anechoic
room, which explains the larger limit for the HOA sound
reproduction, similar to the limit found by Oreinos.
However, Grimm found that VBAP and HOA behave
similarly, which is not the case in the current study. For
comparison, Table 2 shows the criterion used by Grimm
applied to the measurements of the current study.

Description
Distance to the sweet spot

0cm 10cm 20cm

DBAP 250 X 250
HOA, PI,

basic
X X 250

HOA, PI,
maxRE

3150 1250 1000

HOA, EP,
basic

250 X 250

HOA, EP,
maxRE

X 1250 1000

VBAP X X 4000

Table 2: Frequency at which Grimm’s error criterion is not
verified anymore (in Hz). For these results, the beam patterns
obtained with real sources had to be interpolated in order
to compare it with each of the virtual source positions. An
X means that the beam pattern error measurements for this
condition were below 5.7dB at all frequencies from 250Hz to
6300Hz.

He found that for central, fixed head reproduction and
a bandwidth of 4kHz, 18 loudspeakers are sufficient (8th
order) for a reproduction on the horizontal plane, and that
for off-centered position, 36 loudspeakers are necessary
(17th order).

The results shown in this paper suggest a strong advantage
for using VBAP or DBAP when evaluating hearing aids
with beamformers. DBAP has been designed in the
context of 3D audio reproduction for large audiences,
where many listeners are not at the sweet spot. A
consequence of this is the good performance of DBAP
for the 20cm off-centered position. As discussed in
the Introduction, VBAP causes sources to jump from
loudspeaker to the other. In [19], Frank showed that
Multiple-Direction Amplitude Panning (MDAP) provides
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a more linear virtual source position than VBAP, while
maintaining a low number of active loudspeakers for any
given source position. This should therefore be tested in
the future.

The limited performance of HOA, particularly for off-
centered positions, could be caused by the low HOA order
and by a non-ideal loudspeaker positioning. For that
reason, a future study will reproduce this experiment
in a different room using a 32-loudspeaker setup as
recommended by [27], and third and fifth order decoding
will be compared.

In this study, no room simulation was added to the
virtual sources. Similarly to the difference between a
loudspeaker arrangement in an anechoic room and the
same loudspeaker arrangement in a non-anechoic room,
adding reverberation to the HOA and VBAP systems are
expected to attenuate the differences between the systems.
More particularly, without dereverberation engine, the
efficiency of the beamformer will be decreased. The
comparison between the three 3D audio reproduction
methods with room simularion will be challenging: with
HOA, it is possible to use room simulation softwares with
HOA outputs [28, 29], HOA impulse responses recorded
in situ or even first order Ambisonics impulse responses
upmixed to HOA with Spatial Decomposition Method
[30]. Solutions for VBAP and DBAP are more limited
[31, 32].

More generally, out of the 5 types of audio processing
included in hearing aids [12], only one was used here for
the comparison of the 3D audio reproduction systems.
A more systematic use of the various families of audio
processing should be used for a better comprehension of
the limitations of 3D audio for the evaluation of hearing
aids.

In the current paper, differences were measured between
the tested 3D audio reproduction systems, but the effect
of these differences on perception remains unknown.
Perceptual comparison between virtual sources and real
sources with hearing aids was conducted using room
simulation in [28], but was limited to HOA. Future work
should therefore conduct similar test while including
VBAP, MDAP and DBAP reproduction systems.

Conclusion
In this study, the behaviour of a hearing aid MVDR
beamformer was compared using real sources, DBAP,
HOA, and VBAP. It was shown that the difference
between VBAP sources and real sources was smaller than
between HOA sources and real sources at all three tested
listening positions. VBAP is also a better solution than
DBAP at the center and at the 10cm off-centered position.
The findings of this study are similar to those of Oreinos
and Grimm for HOA reproduction in anechoic rooms, but
differ from Grimm’s finding for VBAP. Future work should
use a more regular loudspeaker array and add higher order
HOA to the comparisons, complete the metrics with new
metrics that could be used for characterising the usability
of other hearing aid processings, and compare the results

to those of perceptual evaluation tests.
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Abstract

This paper analyzes the visual influence on auditive perception in binauralized 3D Audio signals in the context
of virtual reality. Demo recordings were done using a coincident and a near-coincident 3D-miking technique while
recording 360 video at the same time. Information on the acceptance was gathered by the means of a comparative
listening test, showing an overall improvement in the perceived quality when being confronted with matching visual
input simultaneously.

Introduction
Although the interest and use of VR is quickly rising,
many factors which may alter the sonic perception in this
context are not sufficiently well investigated. Visual and
sonic information is being played back interactively using
head tracking on headphones. This induces several new
elements (and their interactions) that might influence
the overall impression.
This paper concentrates on the perception of binaural
sound in the VR context. All signals and images used for
this research will solely contain simultaneous ambience
recordings. For this purpose, all signals were recorded
using microphones in a real world environment. This
represents a real situation to which users may be very
sensitive regarding the quality of reproduction. The test
subjects might have experienced the environments shown
several times. This should ensure a sufficient sensitizing
for deformation.

Related work
The possible conflict of sonic and visual information in
the VR context is mentioned in [1].
[2] also examined the perception of different ambisonic
microphones. [3] compared the perceptive acceptance of
different 3D Miking techniques. The results showed a
clear preference for near-coincident signals in comparison
to coincidentally recorded audio.
Since stereophonic recording principles also apply to 3D
for non-ambisonic based techniques, the principles and
information in [4] can also be applied for determining the
perceived width and room decorrelation in 3D arrays.

Theoretical background
Various factors play a role in the quality perception
of the reproduction in VR. To reduce complexity, this
paper only intentions to cover perception variations due
to different sonic signals. These are all processed using
identical methods as far as possible.

Visual influence on auditive perception
Visual influences on auditive perception have been
researched for many years, one of the most salient effects
being the McGurk Effect. It states that, as vision is a
primary sense[5], the brain favors the visual input and
subordinates the audio information in case of a conflict
between visual and sonic information.[6] However there
is little information on how such effects and the lack of
audio information may positively influence our perception
in VR.

Virtual Reality (VR)

The influence on perception might be even bigger in
the world of VR. The experience one sees becomes even
more realistic and immersive. At the same time, the
risk of reproducing the uncanny valley effect remains
persistent. Though not often used in the sound domain,
there are several citations of the uncanny valley effect in
sound [7]. The uncanny valley describes the phenomenon
of the acceptance of representations (originally in the
visual domain) being very low when it is very close to
the original, but not perfect. In sound it may apply
to some signals aiming to be very close to reality but
not a perfect representation whereas a more unrealistic
representation may experience higher acceptance.

Ambisonics in VR
The representation of the sound field by the means of
different spherical functions offers benefits for VR sound.
The calculation of the binaural rendering of the sound
field is simplified, since a rotation can easily be added to
the ambisonic signals before the binauralization. Such a
rotation can be operated using the gyroscope’s data to
rotate the spherical coordinate system proportionally

Perception of spatial audio

Loudspeaker based

The acceptance, advantages and inconveniences of
different miking methods have been playing an important
role throughout the last decades. In stereophonic
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recording, it is known and often stated, that coincident
recordings offer the best localization and down-mix
capability [8]. However when adapting coincident
recording to surround or 3D, the cross talk and therefore
the induced coloration of the signals are increasingly
problematic [9].

Binauralized

When working with loudspeaker reproduction of 3D
signals, good decorrelation between the different channels
is especially important in order to allow for a suitably
large sweet spot. This problem obviously does not apply
the same way to binaural playback, since every recipient
is sitting in the sweet spot. Nevertheless, comparative
listening tests have tended to show a significant preference
for not solely coincidentally recorded signals, even when
sitting exactly in the sweet spot of a mid sized 8.0 3D
Loudspeaker array. Evidence is still necessary to show,
whether the same rules apply to binaural 3D in VR.
Furthermore there is little information concerning
the perception of different 3D sources in binauralized
playback. Microphone manufacturers advertise coincident
1st order ambisonic recording devices as perfect for
binaural, offering a great sonic product. However in
other tests using loudspeaker playback, the perception of
spaced or near-coincident arrays proved to be significantly
higher than the results obtained using coincident miking.
Consequently, information on the visual influence while
listening to binaural 3D is important for sound engineers
in order to enable choosing adequate recording techniques
for different applications.

Quality criteria for binaural 3D audio
Many factors affect the quality of a binaural reproduction.
The HRTFs have to be accurate and defined for enough
directions, so that the localization is not altered by the
rendering process.
At the same time, quick and exact head tracking is also
very important. Head Tracking stability rapidly declines,
when binaural rendering delays increase over certain
thresholds [10]. Stable sound sources are very important
for an immersive and realistic VR scene. This means
the accuracy and processing time both simultaneously
have to operate at a high level to ensure an optimal
experience.
When working with 360 VR, atmo sound additionally
has to be uniformly recorded in all directions. The
user should not be able to detect and hear different
microphones pointing or positioned at different points.
Otherwise, the illusion might dissipate or appear
depending on the direction the subject is looking or the
way he is moving.

Some quality criteria were mentioned in a recent paper
[11]:

• Good spatial precision (less than 5◦-inaccuracy)

• Very low latency (ideally less than 45 ms), which has
been proven to be very important for externalization
and localization accuracy

• High rate (more than 250 Hz) [...]

• Open protocol

• Ability to calibrate it manually [...]

Test Realization

Recording of the test material

Audio

Since this paper concentrates on 360◦-Videos in VR,
microphone setups capable of recording the full audio
sphere were a precondition. We decided to use off
the shelf 3D miking solutions for recording the sound
material for the following tests. This decision was taken
to ensure reproducibility. At the same time, the setups
can be seen as representative for what an VR creator
might use. Two recording solutions were selected:
The first was a coincident cardioid tetrahedral 1st order
Ambisonic microphone [12].
The second was a near-coincident ORTF-based setup
[13].
This allowed to use two small format microphone arrays
for the comparative listening test. The decision to pick
one coincident and one near-coincident solution was
taken because of their differing perception in localization
and spaciousness. The coincident microphone should in
theory offer better localization while the time component
in the near-coincident setup supposedly offers benefits
with regards to spatial reproduction. These quality
criteria are reviewed in this paper.
Both microphones were simultaneously placed and
recorded in different environments. The Zoom F8 and
the Zoom H6 served as our mobile recording devices.
Being the most probable use for such techniques in
binaural VR, the recordings were focused on Ambiences.
A 360 degree camera was placed on top of the arrays.
Doing so enabled having simultaneous video recordings
of different locations that were synced with the signals of
both microphone setups.

Video

All video footage was recorded using a compact consumer-
grade 360◦-camera. It was selected for its availability,
ease of use and sufficient resolution.
The recommended software was used to trim the 360
Video to thirty seconds for each scene. Afterwards
the Video was exported in H264 with MPEG-4 1920 x
960/25p (16Mbit/s).
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Setup and arrangement

The microphones were placed underneath the camera
while recording. Both setups were symmetrically offset to
the left and right of the camera. Taking this constraint
ensured a minimal dimension of the overall setup and
a symmetrical localization error. The microphones
and camera were oriented in the same direction and
mounted with 8cm distance between the camera and
each microphone on a stereo bar (see image 1-2).

Playback environment

Hardware

Video playback was implemented using Oculus Rift DK2
goggles. At the same time the sensor data was used for
head tracking for the binauralized sound in Unity. The
test was then run on a VR-optimized computer.

Binauralization

For binaural encoding we used the tools from the Spatial
Workstation 2.0 (FB360 [14]). This often used way to
generate binaural sound for VR Videos is free and ensures
a good reproducibility. As digital audio workstation we
used Reaper for its multichannel audio capabilities. The
”FB Spatializer” plugin was used for panning. For the
coincident setup, we panned the eight channels into the
corners of a cube around the listening point. This is
the recommended procedure for encoding signals from
channel-based 3D recording techniques. In a final step, we
exported an 8 channel file, which was then encoded with
the ”FB Audio 360 Converter”. For the near-coincident
signals, we first encoded them with the A-to-B Converter
from Sennheiser into an Ambix B-Format stream. The FB
Spatializer is supporting Ambisonic files and no further
panning was needed. As last instance, we used the FB360
Encoder for rendering a ”.tbe” file. This format is not
a standard 2nd order Ambisonics format, but a ”mixed
order” Ambisonics format. Two (channel Z and R) are
summed together, reducing the channel count form 9 to
8 [15]. The result is a mixed order ambisonic file with a
spacial resolution slightly under second order ambisonics.
This may not be a perfect solution for this application
but should not influence the results of this research, since
the same approach was based on different signals.

Recorded environments
For the evaluation, featuring the different quality key-
words (”Immersion”, ”Localization”, ”Spaciousness”) we
selected two different VR-scenes:

1. Forest (figure 1) This environment was selected to
show a natural recording environment for atmos.
Since it is mostly free from human-made distractions,
it is sufficiently different from both other recorded
scenes. It features slight reverberation, diffuse wind
and leaf noises and at the same time bird noises from
sharp directions. The combination of its content
makes it ideal for evaluating overall immersion in the
VR world.

Figure 1: Recording setup in Forest

Figure 2: Recording setup in Hallway

2. University hallway The hallway scene features
two discrete sound sources moving in a reverberant
university hallway. The sounds are suited to evaluate
the sonic reproduction of the room acoustics and the
localization of moving sound sources.

To ensure the reliability of our test subjects we im-
plemented an anchor signal. This was a head-locked
ORTF stereo recording of the same environment.

The same headphone was used by all test subjects and
the average level measured 70 dbA.
Playback was realized using Unity Engine [17]. We created
twelve Unity Scenes with different Setups, making it
possible to switch between the different audio files.
All test subjects were first told they were taking part in
an evaluation of audio quality regarding the keywords
cited before. After pulling over the Goggles, the subjects
were asked to stand in upright posture.

They heard both audio scenes in a random order. The
three audio signals of each scene were randomly permuted
as well.
In the second run, the 360◦-Video was added and played
back with the same three audio signals. The order of the
scenes remained identical, so that the delay between a
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Figure 3: Test subject and playback system

playback without and with visual input was the same
for both. The playback order of sound signals was again
randomly permuted differently.
We used ITU R.800 ”Absolute Category Rating” (ACR
[18]) as a method for qualifying the results. The
participants were asked to rate the signals after each
scene. After the last Playback, they were asked if they
had any remarks or comments. The possible result
grades were: ”bad”(1), ”poor”(2), ”fair”(3), ”good”(4),
”excellent”(5).

Results and discussion
The signals will throughout this chapter be sorted as
follows:

1. Ambeo only

2. ORTF-3D only

3. Anchor

4. Ambeo + 360◦video

5. ORTF3D + 360◦video

6. Anchor + 360◦video

The amount of participants in this research was 25 and
they were aged between 20 and 40 years.

Localization
Localization was rated between fair and good by most
users while seeing no video. The results of the anchor
signals seem surprising at first but may be explained due
to most users habituation to stereo headphone listening.
When listening to the same audio signals combined with
the visual information, most users rated the experience
better. As a matter of fact, the median of all used
systems was now at least rated 0.5 grades higher. The

Figure 4: left: Audio only, right: Audio+Video

Figure 5: left: Audio only, right: Audio+Video

additional video obviously helps most users at finding
the source of an audio signal and visualizing internally
how the sound should behave.

Room reproduction
With no Video, the room reproduction was rated worst
with the Anchor. The coincident solution was rated a
little better than the near-coincident audio signal. This
shows us that the subjects were able to identify the
anchor. After adding Video, we observe a similar result
than with localization. The median of all the signals is
now only differing by up to 0.5 grades.
The added visual information seems to help with the
auditive perception and analysis of different spaces. Users
seem to be overstrained by this task, when they can only
rely on what they hear. Several participants pointed
out, that they were sure they heard an atmo inside a
large factory hall after listening to the sample the first
time (when in fact they listened to the university hallway).
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Figure 6: left: Audio only, right: Audio+Video

Immersion
Interestingly, this test showed the smallest difference
between both passes. When listening only to audio, the
binauralization combined with head-tracking seems to
help most users with feeling inside the audio recording.
When adding the visual input, the variance slightly
decreases and the median doesn’t change much. At
the same time, the preference for coincident or near-
coincident signals stays similar. The image seems to
help a little bit in the case of near-coincident signals
which should theoretically offer lesser localization than
coincident recordings.
The results of this test seem to show, that the image
doesn’t help much for feeling more immersed in an
audio environment. The difference between the playback
methods (binaural vs. conventional stereo) plays a bigger
role in our experiments, since the anchor signal is always
significantly worse rated.

Evaluation constraints
The lack of individualized HRTFs in binaural rendering
and the use of consumer-targeted software (FB360)[14]
make it impossible to know the exact algorithms and
calculations in the process.
The discussion with the subjects after the listening test
also showed that the binaural headphone reproduction
frequently causes in-head localization for some. This may
possibly be caused by binaural pressure errors [16].
Also the head-tracking of the VR Devices is problematic.
The delay between a rotation of image and of sound can
be noticeable with the test system. This shows up when
moving the head very fast and the binaural rendering
adapts with a slight delay. The latency of the head
tracking system needs to be low enough to avoid any
source instability, which we were not able to measure
[10].
In addition as pointed out by the subjects, the term
”immersive” used in the listening test was not always
correctly understood by all. This word was intended
as a general subjective quality impression of the VR

experience. The unspecific nature of this term seems to
be confusing for some people.

Conclusion
The visual input in VR obviously has an important
influence on the perceived binaural audio experience.
When experiencing the full VR scene, the quality of all
signals was perceived as better compared to without
video in most cases. Our listening test showed that the
perception of a headlocked stereo file can be drastically
improved with the added video input.
One possible conclusion might be, that added visual
information has the most effect on near-coincident
signals. After adding video, the variance decreases in all
tests and the experience is rather comparable between
all test subjects. This may be be due to the lower
inter-channel-correlation.
As a conclusion, further research will be necessary in
order to define what parameters play an important role
for immersion and sound color.

Future work
The Influence of the additional input calls for a
reassessment of the known quality parameters for
traditional binaural.
The use of better cameras and VR goggles might bring
better results in the future. Many participants pointed
out the quality of the image was disturbing them in their
perception.
Larger numbers of test subjects may also be necessary in
order to be able to extract more accurate information
out of the comparison.
Use of new soft- and hardware with better binauralization
(individualized HRTFs) and faster head-tracking might
as well improve the quality of the comparison. Some
users had problems with the binaural playback because
it was too imprecise or the tracking was delayed.
Artificial sounds produced visibly while recording might
also make localization easier to evaluate for many subjects.
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Abstract

We introduce a codec that embeds a full 3D audio scene into a simple stereo-compatible stream which can be compressed
with standard lossy compression schemes, aired to FM stations or even stored on analog supports. The encoded stream
can be decoded and rendered to virtually any format. We detail the spatial analysis that decomposes the periphonic
soundfield into three components and reduces it to a monophonic spherical representation, and its encoding to a stereo
carrier.

Introduction
The current Virtual Reality (VR) trend shows the need
for audio formats that allow an efficient transmission
of tridimensional information. A number of competing
technologies are now on the market (Auro-Cx, MPEG-H,
DTS:X, Atmos for VR, AVS...), all requiring additional
transmission channels. Current solutions (binaural or
Ambisonics) either don’t allow further personalization
or usually require excessive bandwidths. We strongly
think a simpler, lowest-bidder approach could also be of
interest, ideally using the existing equipments such as
physical channels and formats, and more specifically an
ubiquitous format: stereo audio. We present a N:2:M
codec that allows first-order Ambisonics (FOA) audio to
be embedded into a stereo carrier, and ultimately decoded
to any output format. In this paper, we will specifically
describe the encoder by focusing on its soundfield analysis
stage.

Overview of the codec

Encoder
The encoder is based on a three-stage process. Figure 1
presents the encoding workflow.
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Figure 1: Block diagram of the encoder.

The input FOA soundfield components are trans-
formed to the frequency domain, for example using
a Short Time Fourier Transform (STFT), and sub-
sequently decomposed into three frequency-domain
components, each comprising a complex coefficient
and an associated 3D direction vector.
The three components are recombined into a single
frequency-domain component, comprising a complex
coefficient and an associated 3D direction vector,
ultimately yielding a monophonic, frequency-domain
spherical representation of the input soundfield.

By the means of an interchannel domain encoder,
the monophonic spherical representation is projected
onto a phase-amplitude stereo mapping (whose
specifics will be presented in subsequent publications)
and transformed back to the time domain, yielding
an encoded, stereo-compatible signal.

Decoder
Figure 2 presents the decoding workflow.
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Figure 2: Block diagram of the decoder.

The decoder uses the aforementioned stereo-encoded
signal and converts it back to a spherical representation,
in the frequency domain. The spherical representation
comprises a per-bin complex coefficient and its associated
direction vector (i.e. spherical coordinates pair). This
representation can be projected onto any suitable pan-
ning law, for example Vector-based amplitude panning
(VBAP), Higher Order Ambisonics (HOA), or binaural.
In the latter example, a spatial rotation can be applied to
the spherical representation before projecting it onto the
frequency-domain head-related transfert function (HRTF)
base, which permits the integration of headtracking. The
binaural rendering can benefit from HRTF personalization
as the spherical representation is obviously agnostic to
the HRTF base.

Soundfield analysis

Background
Various approaches to soundfield analysis have been
proposed in the literature, some using an FOA input,
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and some others accepting an arbitrary multichannel
input layout. Their underlying motivations from a
psychoacoustic point of view are highly similar: most
models assume that, in a critical band, human hearing
is limited to extracting one directional cue and one
interaural coherence cue, this analysis scheme being also
called Primary Ambient Extraction (PAE).

For instance, Spatial Impulse Response Rendering (SIRR)
[1] analyses an FOA room impulse response in the
frequency domain by determining, on a per-bin basis,
a time-dependent principal direction of arrival and a
diffuseness metric. In this energetic analysis, the principal
direction of arrival relies on computing the time-dependent
intensity vector [2], and the diffuseness amounts to
determining the proportion of the magnitude of net
flow of energy and the total energy. This approach
was subsequently expanded to longer audio programs
in Directional audio coding (DirAC) [3], where the
directional and coherence cues are computed frame-by-
frame, and used to form side information (i.e. metadata)
that can be used to decode and render spatial cues from
a monophonic downmix of the original content. A higher-
order version of SIRR/DirAC was more recently presented
in [11].

Binaural Cue Coding (BCC) [4] takes a different approach
by determining, for a number of frequency bands, inter-
channel cues such as Interchannel Level Difference (ICLD),
Interchannel Time Difference (ICTD), and Interchannel
Correlation (ICC), and transmitting those as time-
dependent metadata alongside a monophonic downmix of
the original multichannel content. When re-synthesising
the content, for each frequency band, the strongest source
is panned to its original direction (as determined by
the ICLD and ICTD pair), while the ICC determines
the width or diffuseness of said source. Spatial Audio
Coding (SAC) [5] builds upon the BCC principles and
supports N-channel encoding by adding two more spatial
cue parameters to the side information.

Similar PAE approaches were applied in [6] and [7]. The
Harpex plane wave expansion algorithm [8] uses a slightly
different assumption and aims at expanding the principles
above to a maximum of two simultaneous planewaves
per frequency band; the diffuse (or ambient) content is
not handled per se. The recent MPEG-H HOA Spatial
Compression [10] scheme also builds upon the same
principles by decomposing the HOA input signal into a
number of ”predominant” (or ”foreground”) components
and ”ambient” (or ”background”) components. In MPEG-
H HOA Spatial Compression, predominant components
are transported as independent channels, along with side
information such as spatial location and width, while the
residual ambient components, whose spatial accuracy is
deemed less important, typically gets transmitted with
a limited HOA order, thereby reducing the number of
needed transmission channels.

In this work, we introduce a novel soundfield analysis
scheme where the soundfield is decomposed in three parts,
including one directional cue, and two diffuse cases.

First-order soundfield decomposition
In what follows, we assume that the first-order spherical
harmonics representation of the signal can be split into
three components:

Component (A): direction signal intensity
Component (B): residual pressure wave
Component (C): residual particle speed wave

The following algorithm is applied to each frequency bin
of the frequency domain representation of the first order
spherical harmonics components.

Component (A) The (A) component is a pair made
of a complex coefficient ca that describes the signal and
a tridimensional vector ~va that defines the direction of
origin of the sound intensity.

Let the four complex coefficients (cW , cX , cY , cZ) repre-
sent the four first order spherical harmonics signals, using
Schmidt semi-normalisation (SN3D).

Let ~I be the tridimensional intensity vector [2] computed
from the complex coefficients:

~I = Re


cW



cX
cY
cZ





 (1)

Due to the normalization of the coefficients, we leave the
usual 1

2 factor out.

Let the divergence D be:

D = min

(
‖~I‖
|cW |2

,
|cW |2
‖~I‖

)
(2)

This divergence formula differs from the usual divergence
expression so as to stabilize edge cases; for some cases,
this will lower the extraction of the (A) component and
leave more residual signal for the (B) and (C) components.

Let ca be the complex coefficient:

ca = D cW (3)

and ~va its associated direction vector, defined as:

~va = |ca|Norm ~ex

(
~I
)

(4)

where ~ex = (1, 0, 0)T and Norm~d (~v) denotes the vector

normalization operator with default vector ~d:

Norm~d (~v) =

{
~v
‖~v‖ ~v 6= ~0

~d ~v = ~0
(5)

One can note that the extraction of the directional
component is analogous to the directional analysis method
from [1], with divergence D replacing the original
diffuseness metric.

Component (B) The (B) component is a pair made
of a complex coefficient cb that describes the signal and
a tridimensional vector ~vb that defines the direction of
origin of the sound.

Let cb be the complex coefficient:

cb = cW − ca (6)
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and ~vb its associated direction vector, defined as:

~vb = |cb| Norm− ~ez ((1−m) ~vw◦ +m ~vwh◦) (7)

where

~ez = (0, 0, 1)T ,
m ∈ [0, 1] is a factor that describes the encoding
mode, which determines the direction in which the
part B will be reinjected: 0 for the spherical mode
and 1 for hemispherical mode,
~vw◦ is the component B reintroduction vector in the

spherical encoding mode: it is a normalized vector
that is frequency-bin specific and of unit length,
~vwh◦ is the component B reintroduction vector in

the hemispherical encoding mode: it is a normalized
vector that is mostly non-frequency-bin specific; this
vector has a null azimut (i.e. in the front direction)
and a usual elevation in (−π2 , 0), typically a value
around −π4 .

Component (C) The (C) component is a pair made
of a complex coefficient cc that describes the signal and
a tridimensional vector ~vc that defines the direction of
origin of the sound.

Let the following complex tridimensional vector be:

~vr =



cX
cY
cZ


− ~va (8)

Let cc be the complex coefficient:

cc =

√
‖~vr‖2 + |~vrT ~vr|√

2
ei arg(cw) (9)

and ~vc the associated direction vector, defined as:

~vc = |cc|Norm ~ex (M |~vr|) (10)

with

M a 3× 3 matrix made of the three unit vectors that
are reintroduction vectors of the respective X, Y, Z
components of ~vr, these vectors being frequency-bin
specific and of unit length,
|~vr| the vector of magnitude of the components of ~vr.

Recombination of soundfield components
Following the soundfield decomposition stage, the encoder
combines the obtained components into a single spherical-
domain component, yielding a frequency-domain, mono-
phonic signal in which each frequency bin bears a different
direction. In effect, for each frequency bin, the three
components (A), (B) and (C) are summed into a spherical
representation made of the pair of a complex coefficient cm
and its respective location ~vm whose spherical coordinates
are (a, e) (azimut, elevation), as follows:

{
cm = ca + cb + cc

~vm = Norm ~ex ( ~va + kb ~vb + kc ~vc)
(11)

with kb and kc real constants in (0, 1] that allow to tune
the recombination.

Encoding to the interchannel domain
Once the monophonic spherical domain representation has
been obtained, it could be transmitted as a monophonic
signal, along with side information (spatial position).
Yet, so as to be obtain a stereo-compatible encoded
signal, the spherical domain representation is encoded
into the so-called stereo interchannel domain, whose
typical representation uses the Scheiber sphere [12], ”a
means for graphically visualizing the amplitude and phase
relationships in any two-channel [...] sound system” [13].

For each complex coefficient cm and according to its
spherical coordinates (a, e), a pair of complex coefficients
(cL, cR) is deduced thanks to a mapping between the
spherical coordinates and a spherical, dynamic panning
law. This is done by:

stretching the azimut a for stereo compatibility
purposes, as per Figure 3,
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Figure 3: The s function stretching the azimut in order to
take advantage of the interchannel encoding while keeping the
stereo compatibility: signals located at ±π

6
are exclusively

encoded to either of the L and R channels. Its reciprocal
function is sinv.

computing the interchannel domain coefficients (κ, ρ),
respectively the relative magnitude and the relative
phase:{

κ = 2
π arcsin(sin(a) cos(e))

ρ = atan2 (sin(e), cos(a) cos(e))
(12)

with atan2(y, x) the operator computing the oriented
angle in (−π, π] from vector (1, 0)T to vector (x, y)T .
computing the coefficients (cL, cR):{

cL = cm sin(π4 (κ+ 1))eiΦL

cR = cm cos(π4 (κ+ 1))eiΦR
(13)

where ΦR − ΦL = ρ. An absolute phase is needed in
addition to this formula for determining ΦL and ΦR;
this will be detailed in a future publication.

One will recognise that the trigonometric terms from
Equation 13 form the ubiquitous ”tangent panning law”.

At the end of the process, two arrays of complex coeffi-
cients are obtained that are frequency representations of
stereo signals. The adequate inverse transform is applied
and temporal windows are overlapped so as to construct
the encoded stereo signal.

Discussion

Limitation to first-order Ambisonics
Limiting the capabilities of the encoder to FOA signals
could be seen as a restrictive choice. Our approach
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is indeed similar to some of the PAE schemes above,
especially [3], where an input FOA signal is modelled as
a primary, directional signal, and a diffuse part. In effect,
the three-part decomposition we proposed above does not
require spherical harmonics above first order.

The choice to drop higher orders can be justified by the low
information amount these orders add to the content. Yet,
it is known that the localisation accuracy is affected by
the Ambisonics reproduction order [15]. The Ambisonics
order also influences the perceived spaciousness [14], and
”the spatial resolution of the ambient sound components is
typically reduced by limiting the HOA order” as pointed
out in [10].

However, in comparison to what a FOA signal already
contains, the additional information brought by the higher
orders is only diffuse and partly redundant to the diffuse
information that is naturally present in the first order
(though a bit of diffuseness power can be lost through
this dropping).

Choices of direction vectors’ coordinates
In what precedes, seemingly arbitrary choices were
made as to the coordinates of the direction vectors
associated to the three extracted components (A) (B) and
(C). Yet those choices can be motivated by well-known
psychoacoustic phenomena, as will be shown below.

The (A) component, or primary part, is obviously per-
ceived by the listener as a plane sound wave propagating
in the direction opposite to the vector ~va, independently
of the listener’s head orientation and robust to a small
translation. It is left untouched by the recombination
stage.

The (B) component is the residual pressure signal that is
obtained when subtracting the pressure signal generated
by the (A) component to the W component of the
spherical harmonics representation. This corresponds
to spherical harmonics signals that can be obtained
when in-phase signals are played by pairs of speakers
located in opposite directions relatively to the sweet
spot. Provided the frequency is low enough and the
listener’s head does not move out of the sweet spot, such
signals are perceived as unlocated or having an ”inside-the-
head-localization” ([9] pp.143-145) independently of the
listener’s head orientation. As can be seen in Equation 7
the (B) component of the signal can be encoded differently
depending on the mode setting m ∈ [0, 1], which defines:

a spherical mode (m = 0), where the signal is
spatially spread using a per-bin relocation of the
signal around the listener. For divergences that
are close to 1, the recombined vector direction ~vm
depends on the frequency with a spread that depends
on the divergence while remaining centered around
the ~va location; this is similar to the spreading found
in some pseudo-stereo techniques. For divergences
that are close to 0, the spread extent is all around the
sphere; this can be justified by the following: when
considering the sole sweet spot, a signal containing
only a (B) component is a pressure-only wave signal,

which would not be perceived by a figure-of-eight (i.e.
particle velocity) microphone; but when a head is
located at the sweet spot, the head’s occlusion will
allow the listener to perceive said signal, separated
into different frequency component, each one spatially
spread by a different amount, creating the appearance
that the signal has been spatially spread. This
technique, although very information-destructive,
allows covering the full-spherical mode.
a hemispherical mode (m = 1), where the codec takes
advantage of the lower hemisphere to encode signals
that have a divergence lower than 1. The bare use
of the Equation 7 with this mode however triggers
the following behaviour: the upper hemisphere is
depopulated of signal as soon as the divergence is
lowered; in order to avoid this undesirable behaviour,
a more complex formula is used, that starts by
progressively spreading the source for divergences
close to 1, then only lowers ~vb towards the lower
hemisphere for divergences close to 0, using pondera-
tion between a spreading vector and a lowering vector.
On the decoder side, a negative elevation signal is
inherently converted to divergence with 3D VBAP
rendering when the speaker layout is hemispherical,
as the signal is spread among the horizontal plane
speakers, for example using a virtual speaker at
−90◦ elevation; for other rendering techniques, the
hemispherical behaviour is rendered by filtering out
negative elevations and converting them to divergence
values.

The (C) component is the residual particle speed 3D
signal that is obtained when subtracting the particle
speed signal generated by (A) from the X, Y and Z
components of the spherical harmonics representation.
This corresponds to signals that can be obtained when
out-of-phase signals are played by pairs of speakers that
are located in opposite directions relatively to the sweet
spot. When considering the sole sweet spot, such a signal
would not be recorded by an omnidirectional pressure
microphone. But when a head is located at the sweet
spot, the combined effects of the interaural distance and
the head’s occlusions will allow the listener to perceive
said signal, whose diffuseness will be close to 1. Signals
that are solely contained in this (C) component are often
described as generating unpleasant acoustic ”pumping”
effects. This component contributes to the audio width,
or extra-stereo effect. Perception of this part depends
highly on the room acoustics, head location and rotation,
and the signal is not usually perceived by the listener
as having a precise location. More specifically, signals
described by the (C) component alone are perceived as
being separated into different frequency components, each
being spatially displaced by a different amount, creating
the appearance that the signal has been spatially spread
([9] pp.145-146). Thus, we decided to spatially spread the
location of such signals, using a per-bin relocation of the
signal.
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Summary and future work
We have introduced a new spatial audio codec by detailing
a novel analysis scheme that reduces the periphonic
soundfield to a spherical representation, and its encoding
to a stereo-compatible carrier. A novel soundfield
decomposition scheme was presented for the analysis
stage.

Future work includes thorough critical listening tests, in
order to assess the perceived qualities of the decoded
signal under different rendering conditions and for various
signal types, including typical signals originating from
FOA microphones, synthesised FOA signals, as well as
edge cases where numerous overlapping or broadband
sources are present. The decoding stage, as well as the
specifics of the phase-amplitude stereo mapping (which is
part of the interchannel domain encoder stage), will be
presented in subsequent publications.
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Abstract

We present a publicly available set of tools for the integration of the Audio Definition Model (ADM) in production
workflows. ADM is an open metadata model for the description of channel-, scene-, and object-based media within a
Broadcast Wave Format (BWF) container. The software tools were developed within the European research project
ORPHEUS (https://orpheus-audio.eu/) that aims at developing new end-to-end object-based media chains for
broadcast. These tools allow for recording uncompressed multichannel audio files with embedded XML metadata
according to the ADM specifications, and monitoring and rendering existing BWF-ADM files over headphones
or arbitrary loudspeaker setups. The bundle also includes a plugin (available in all major plugin formats) for
interoperability with digital audio workstations, which provides support for time-varying metadata via automation
tracks.

Introduction
The tools presented here were originally developed for
experimenting with incorporating reverb into an object-
based production workflow, within the scope of the
ORPHEUS project [1]. However, they can also be used
in a more general context to create, load and play back
audio files containing ADM metadata. In its current state,
only a subset of the ADM specification [2] is supported,
but many common use cases are already covered. The
current limitations, as well as the ADM format itself, are
described below.

The ORPHEUS Project
The European research project ORPHEUS [1] is dedicated
to improving the production, distribution and reproduc-
tion of audio content. It is developing, implementing and
validating a new end-to-end object-based media chain for
audio content.

Object-based media is a novel approach for creating and
deploying interactive, personalised, scalable and immer-
sive content, by representing it as a set of individual assets
together with metadata describing their relationships and
associations. This allows media objects to be assembled
in ground-breaking ways to create new user experiences.

ORPHEUS started in December 2015 and has a duration
of 30 months. It receives funding from the European
Commission under the Horizon 2020 programme.

The Audio Definition Model
Recommendation ITU-R BS.2076 [2] – the Audio Defini-
tion Model (ADM) – is a metadata model for describing
the technical format and content of audio files and streams.
It primarily uses XML as its format language, and has
been designed for incorporation into RIFF-based audio
files like BWF [3] and BW64 [4] files. XML data is stored
in a chunk of type <axml>, while the association of audio
tracks with the identifiers used in the XML description is
laid out in a chunk of type <chna>.

Each audio channel has one of the pre-defined types
“Objects”, “DirectSpeakers”, “Binaural”, “HOA” or “Ma-
trix”. Tracks of type “Objects” have an associated
position, gain and several other parameters. All these
parameters can potentially change over time. Linear
interpolation between adjacent positions is available. The
type “DirectSpeakers” can be used to include channel-
based beds. Every channel represents one loudspeaker
feed and it has the position of the loudspeaker associated
with it. Pairs of channels of type “Binaural” simply hold
the left and right channel of a binaural mix. The “HOA”
type can be used to include different kinds of Ambisonics
mixes. Channels of type “Matrix” contain gain and phase
shift values that can be used to implement, for example,
mid-side stereophony.

A single ADM file can contain multiple “audio pro-
grammes”, which are different subsets of all available

1©
2©

3©

4©

5©

Figure 1: Main user interface of the ADM Player/Renderer
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Figure 2: Scene display of the ADM Renderer. A very similar screen is used in the ADM Recorder.
Left pane: view from above; right pane: view from behind.
The displayed ADM file is machine aer bwf.wav from http://www.bbc.co.uk/rd/publications/saqas.

audio tracks and metadata, to be chosen by the consumer
at rendering time. This can for example be used to
provide parts of the material in multiple languages, while
language-independent content like background music can
be re-used in multiple “audio programmes”.

The ADM Tools
The ADM tools are stand-alone programs, freely available
for macOS and Windows. Currently, there are three tools
available: a player with built-in renderer, a recorder which
is using the same renderer for monitoring and a tool called
“ADM ExtractXML” that can be used to get to the XML
data stored inside a BWF/ADM file. The three tools are
described in more detail in the following sections.

The ADM Player and the ADM Recorder can commu-
nicate with other programs via Open Sound Control
(OSC) [5]. Note that OSC communication is not
part of the ADM specification. The ADM Tools use
an ad-hoc OSC syntax which facilitates the inter-app
communication and can be easily used with other OSC-
aware software/devices. The “ToscA” plugin, described
further below, can serve as an ancillary tool to connect a
Digital Audio Workstation (DAW) to the ADM Recorder
via OSC.

The ADM Tools can be downloaded from https://www.

ircam.fr/project/detail/orpheus-1/ and the ToscA
plugin for AU, VST, VST3 and AAX is available at http:
//forumnet.ircam.fr/product/spat-en/tosca-en/.

ADM Player + Renderer
The ADM Player can load WAV/BWF/BW64 files and
read ADM metadata and channel assignments from
their respective chunks in the file. Upon loading a
file, it performs a number of “sanity checks” on the
ADM metadata. This can be very helpful to check
whether a given ADM file is compliant. The ADM
Player can play back the audio content of the file and
produce synchronized control messages based on the
ADM metadata obtained from the file. Using this
audio data and the metadata, the built-in renderer can
calculate appropriate signals for real-time reproduction
using headphones or loudspeaker setups.

The main user interface is shown in figure 1. Summary
information about the content of the currently open file
(number of objects, number of tracks, duration, etc.) is
displayed in the list on the right 1©. Controls for playback
(start/stop/resume/loop/seek) are located on the left 2©.
Below them, there are level meters for each audio track
in the file 3© and below these there are level meters for
the rendered output channels 4©. On the lower right, the
rendering settings can be chosen 5©.

Both loudspeaker-based and headphone-based reproduc-
tion is possible. For rendering on loudspeakers, VBAP [6]
is used. The loudspeaker setup can be chosen from
a predefined set of common loudspeaker setups or by
manually specifying custom loudspeaker positions. Up to
64 loudspeakers are supported. For binaural rendering,
Head-Related Transfer Functions (HRTFs) can be selected
from a large set of available HRTF datasets. Further
datasets can be loaded using the SOFA/AES69 format [7].
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Blues

ACO_1001
Direct Sound plus Reverb

AO_1001
direct sound

AO_1002
reverb
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reverb
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SurroundLeft
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Figure 3: Diagram of the XML metadata structure of an
ADM file, generated with the tool ADM ExtractXML. The IDs
shown in the boxes are used internally to create connections
between ADM elements.

In the top left corner of the user interface, OSC messages
can be enabled which can for example be used to control
an external renderer (while switching the built-in renderer
to “bypass” mode) or further process the metadata
generated by the ADM Player. The OSC messages can
be sent to other applications running either on the same
computer or on another computer on the network.

The “view scene” button opens a window showing the
current position of all audio “objects” in the ADM file,
as shown in figure 2. The scene window also allows
interactively moving objects with the mouse.

In its current state, the ADM Player/Renderer only
supports a subset of the ADM specifications. Most
notably, it doesn’t support multiple “audio programmes”,
nested ADM elements and non-PCM audio data.

ADM ExtractXML
Given a sound file with ADM metadata, this tool can be
used to create a separate XML file containing only the
ADM metadata (i.e. the contents of the <axml> chunk).
The XML file will be stored in the same directory as the
original ADM file. The contents of the <chna> chunk
are also stored in a separate file. Like the ADM Player,
this tool runs several “sanity checks” on the metadata to
make sure it complies with the ADM specification [2].

At the same time as extracting the <axml> chunk, the
tool also creates structural representations of the XML
elements in the DOT graph description language [8]. If
the Graphviz 1 software is installed, PNG images with
those graphs are automatically created. See figure 3 for
an example graph.

ADM Recorder + Monitoring
The ADM Recorder can record up to 64 audio channels
into a BWF/BW64 file. For each of these channels, it
can also record automation data which is stored as ADM
metadata in the same file. This automation data can be
received via OSC messages.

The ADM Recorder has a built-in renderer that can be
used for monitoring.

1http://www.graphviz.org/

1©

2©
3©

Figure 4: Main window of the ADM Recorder

Figure 4 shows the main window of the ADM Recorder.
The monitoring settings 1© in the bottom right of the
window are the same as for the ADM Player/Renderer
described above. The “configure” button 2© can be used
to open a window for editing ADM metadata as shown in
figure 5. On the top of this window, the programme and
content name can be specified 1©. Below that, a list of
“audio packs” 2© can be set up. Each pack can contain one
or more “channels”. For the “DirectSpeakers” type, one
of a set of pre-defined channel-based setups (e.g. stereo,
5.1, 22.2) can be selected which populates the channels
appropriately. A “Binaural” pack automatically contains
two channels, one for the left and one for the right ear.
Each channel has a unique channel number that can be
used together with the routing matrix on the left side 3©

1©

2©

3©

4©

Figure 5: Metadata editor and routing matrix. The resulting
ADM structure for this example can be seen in figure 3.
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Figure 6: Using the ToscA plugin to connect a Digital Audio
Workstation (DAW) to the ADM Recorder

to assign input audio channels to the desired ADM tracks.

Once the packs and channels are set up as desired, the
“arm” button 4© can be used to enable recording. This
will open a scene display window similar to figure 2 which
allows configuration of the initial positions of all audio
objects. The scene window also allows moving objects
with the mouse during recording, which will record the
object trajectories in the resulting ADM file. However,
in practice it will be more convenient to connect the
ADM Recorder to a Digital Audio Workstation (see the
section about the “ToscA” plugin below) which can record
automation data for multiple objects (possibly one after
another). The DAW can then play back all automation
tracks at once, which in turn can be recorded by the
ADM Recorder. A track with an LTC time code signal
can be used to synchronize start and stop times between
the DAW and the ADM Recorder. Instead of using a
DAW, the automation data can of course be produced by
any software, as long as the generated OSC messages are
compatible with the ADM Recorder.

In the top left of the main window (figure 4), host and port
settings 3© can be configured for receiving and sending
OSC messages that can transport ADM metadata between
applications and between computers. Messages which are
received via this interface are stored as XML metadata
in the recorded ADM file. This interface can also be used
to establish a connection with the ToscA plugin.

The ADM Recorder only supports a subset of the
ADM specifications. It doesn’t support multiple “audio
programmes“ nor audio channels with different lengths.
All audio content will have the same duration.

DAW Automation with ToscA
ToscA [9] is a plugin for Digital Audio Workstations
(DAWs) that allows the recording of automation tracks for
arbitrary parameters that can be sent and received as OSC
messages via a network interface. Primarily developed for
the remote control of spatial audio processors, this tool
also turns out to be very handy for “linking” the ADM
tools with a DAW. It can be used together with the ADM
Recorder to record movements and changing gain values
as automation tracks in a DAW.

An instance of the ToscA plugin has to be inserted into
every track that is supposed to contain automation data,
see figure 6. Each ToscA instance can then be configured
with a channel ID that is used to associate tracks in the
DAW with channels defined in the ADM Recorder. The
ADM Recorder will in turn store the recorded automation
data in the ADM file.

The audio outputs of the DAW tracks can be provided
to the ADM Recorder either via hardware connections
or via virtual sound drivers. Refer to [9] for additional
details.

Future Work
As mentioned above, not all features of the ADM
specification are implemented yet. Further tools are
planned that will allow to select audio tracks and edit
metadata of ADM files as well as to merge the contents
of multiple files into one. This way, ADM files could
be created that hold multiple “audio programmes”, for
example to enable selection between multiple language
versions.

Preliminary support for HOA is provided, however this
may evolve in future versions as future versions of the
ADM specification are expected to contain significant
changes in this area.
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Simulation of high-resolution near-field HRTFs
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Abstract

The measurement of near-field head-related transfer functions (HRTFs) is challenging since a loudspeaker does not
present a point source, and the measurements can include unwanted reflections between the head and the loudspeaker.
A simulation based acquisition of HRTFs, however, allows an ideal point-to-point mapping from near-field source points
to the measurement point at the entrance of the blocked ear-canal. Using the principle of reciprocity, a fast boundary
element method can generate HRTFs for tens or hundreds of thousands source points. In addition, the HRTFs can be
personalized by using 3d scanned models of head and pinnae. We introduce a simulation based approach for generating
personalized near-field HRTFs with high spatial resolution.

Introduction
Since the seminal work by Brungart [1], the near-field
head-related transfer functions (HRTFs) have gained
increasing interest due to the rapid development of
virtual reality (VR) devices. While several databases
contain measured and simulated far-field HRTFs for
human subjects, the availability of near-field data is
still somewhat limited. The near-field measurements
are challenging since a loudspeaker at a short distance
from the head does not represent a point source and
unwanted reflections can be generated between the head
and loudspeaker [2]. However, with a careful measurement
arrangements and the post-processing of the data, the
measurements as close as 0.25m are possible [3].

The fast boundary element (BE) simulations have been
proposed as an alternative to measurements for generating
individualized near-field HRTFs [4]. A simulation based
acquisition of HRTFs allows an ideal point-to-point
mapping from near-field source points to the measurement
point at the entrance of the blocked ear-canal. Using the
principle of reciprocity, a single simulation can generate
HRTFs for tens or hundreds of thousands source points.
Combined with the cloud computing and modern 3d
scanning techniques, simulations are aiming to a practical
and robust method for the HRTF production [5, 6].

This study extends the simulation based process for
generating the HRTFs [6] to the acquisition of high-
resolution near-field HRTFs. We first shortly review the
simulation based process for the personalization of HRTFs.
Then, the generation of a high-resolution point set for
the near-field simulations is outlined. Dense concentric
layers of Finonacci points on the sphere [7] are used as
an illustrative example.

Process for HRTF generation
The process for generating the personalized HRTFs was
introduced in Reference [6]. It consists of following steps:

1. A 3d model of the upper torso, head and pinnae is
obtained using a 3d scanning device. The watertight
surface model is transferred to simulations in the
PLY-, OBJ- or STL-format.

2. The geometry is remeshed. The number of surface
triangles is minimized to speed-up simulations (215
830 triangles and 107 917 vertices are used in the
example of this study).

3. Point sources are placed at the entrances of ear-canals
(the HRTFs are computed separately for both ears).
The principle of reciprocity allows the simulation
HRTFs for a large number of near-field sources.

4. Simulations are distributed to cloud computing.
Simulation covers frequencies from 64Hz to 24000Hz
in 64Hz steps. Each frequency constitutes an indepen-
dent simulations task which makes the computation
trivially parallel.

5. The frequency domain simulation results are trans-
ferred to time-domain impulse responses (head-
related impulse response, HRIR) and stored in the
SOFA-format [8].

For the in-house scanning, we have successfully used a
structured light 3d scanner (David SLS-2, HP Inc. Palo
Alto, USA). The projector of the device illuminates a
structured pattern of light on the surface of the scanned
object and takes simultaneous pictures using the camera.
Taking images from multiple directions, a relatively
accurate model of the head and pinnae can be obtained
(Figures 1 and 2).

Near-field point set
Due to the principle of reciprocity, the simulation for a
single source point (at the entrance of the blocked ear-
canal) can produce HRTFs for an arbitrary number of
sound directions (more sound directions can be added as a
post-processing step of the BE method). Hence, compared
to the measured HRTFs, the density of directions can be
very large.

The near-field is typically defined as a region within the
radius of 1.0m as measured in the head-related coordinate
system. To obtain a good angular resolution for the
simulated HRTFs, we aim to below 5 degrees angular
separation between adjacent directions.

Mathematically, the choice of directions corresponds to
the generation of equidistributed point configurations on
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Figure 1: A 3d scanned model used in the simulations

a sphere. A survey on such point sets is recently written
by Hardin et al [7]. The associated Matlab codes are
available via GitHub[9].

As an illustrative example of the high-resolution point
set, we select 10001 Fibonacci nodes on each near-field
distance (Figure 3). The distances cover the radii from
0.1 m to 1.0 m in 0.05 m steps (19 layers). This results
in 190 019 source points. Initially, some of the points
are located inside the head. These points are removed
from the point set that used in the computations. 8495
points are inside the head of Figure 1. Those points are
visualized in Figure 4. A cross-section of the remaining
181 524 exterior points is shown in Figure 5.

Results
The outcome of the BE simulation is the HRTF for 181
524 source points, at 375 frequency steps and for both ears.
The data is converted to head-related impulse responses
(HRIR) and stored into a SOFA-file. The size of the file
is 2.0GB.

Figure 6 shows the simulated HRTFs in the horizontal
plane at four different distances. A strong head shadowing
effect is clearly visible in the case of the nearest sources.

The effect of the source distance on the source in the
frontal direction is shown in Figure 7. Corresponding
graphs for the 40 degrees elevated source are plotted in
Figure 8. Again, the head shadowing is strong for the
nearest sources, also at low frequencies. In addition to
that, shifting of notches and changes in the shapes of the
peaks and notches can be observed.

Figure 2: The geometry of pinnae needs be captured in great
detail.

Figure 3: 10001 Fibonacci points on the sphere.

Discussion and conclusions
In this study, the simulation based process for generating
personalized HRTFs was extended to near-field compu-
tations. The BE simulations allow the computation in a
large number of source points, almost 200000 near-field
sources were generated for test purposes.

It is obvious that the practical use of the resulting 2.0 GB
SOFA-file is very limited. On the other hand, the better
understanding of the near-field HRTFs calls for good
quality high-resolution data. The simulations offer an
effecient tool for producing personalized HRTFs. We wish
to point out, however, that among the key topics of future
studies needs to be a more efficient representation of the
distance dependent personalized HRTFs. In particular,
since a recent study [10] indicates that the personalization
influences on the localization of near-field sounds.

Examples of near-field HRTFs can be downloaded from
our website [11].
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Figure 4: The points inside the head are removed prior to
simulations.

Figure 5: The final point set consists of 181 524 points.
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Figure 7: The HRTF magnitude for the right and left ear
when sound arrives directly from the front.

Figure 8: The HRTF magnitude for the right and left ear
when sound arrives from the front at the 40 degrees elevation
angle.
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Abstract 
Sound field reproduction techniques, like higher-order ambisonics, have recently seen increasing use in hearing research. However, the 

perceptual accuracy of these methods, in particular regarding speech intelligibility, remains unclear. Previous research has shown that low-

order ambisonics leads to decreased localisation accuracy and perceptually broader sources. This spatial broadening could lead to a reduced 

ability to separate target and interfering speech. We investigated the effect of 2D ambisonics order on speech intelligibility of a target and 

two interfering talkers separated by ±15°. Results showed that ambisonics order clearly affected some aspects of spatial perception. While at 

low orders, the sources were rated wide, at higher orders, the sources were rated to be narrower. Furthermore, it was found that speech 

intelligibility increased at higher orders. Similar trends were found for an anechoic and a simulated reverberant environment. Thus, the 

choice of ambisonics order has an influence on spatial- and speech perception in certain experimental setups. 

 

Introduction 

Normal-hearing listeners almost effortlessly understand 

speech in complex listening environments. To understand 

how the auditory system is processing sounds in such 

realistic environments, there is a need to realistically 

simulate and reproduce acoustic scenes. The accurate 

reproduction of such scenes would allow for accessible, 

controllable and reproducible research of auditory signal 

processing in adverse listening conditions. 

Various sound-field reproduction techniques are suitable for 

the purpose of hearing research, for example vector base 

amplitude panning [1], wave field synthesis [2], directional 

audio coding [3] and higher-order ambisonics [4]. The 

advantage of ambisonics reproduction is its aim to reproduce 

the sound field physically accurately. However, the accuracy 

depends on the ambisonics order (and thus the number of 

loudspeakers in the reproduction system), as well as the 

desired reproduction area and frequency range. Another 

advantage of ambisonics reproduction is that the spatial 

distribution of energy to reproduce a single source is 

direction independent. Thus, the physical spatial extent of a 

sound source remains constant [5]. However, the physical 

source extent decreases with ambisonics order, whereby the 

physical source width (or energy spread) can be described by 

the length of the energy vector rE [6]. The energy vector has 

a length of zero when all loudspeakers receive the same gain 

and is one when all energy is sharply centred towards a 

single point. 

For applications of ambisonics in hearing research, the 

question remains which ambisonics order is sufficient to 

realistically reproduce a sound field. Due to practical and 

cost considerations, high orders and, thus, high numbers of 

loudspeakers might not be suitable. On the other hand, 

ambisonics order should not be a confounding factor in 

experiments. 

To investigate the influence of ambisonics order on 

perception, two listening experiments were conducted in the 

present study using a circular 24-channel loudspeaker array. 

In the first experiment, listeners were instructed to rate their 

spatial percept in terms of location and size of a sound 

object. In the second experiment, speech intelligibility in a 

speech-on-speech task was measured with co-located and 

closely separated interfering talkers.  

The hypothesis was that when the ambisonics order is low, 

the perceived source width should be high. With increasing 

ambisonics order, the perceived source width should 

decrease. Furthermore, it was hypothesised that it is more 

difficult to understand speech when widely perceived speech 

interferers are presented close to the target speech than when 

the sources are perceived to be narrower. Hence, this should 

lead to a better speech intelligibility for high than for low 

ambisonics orders. Finally, we investigated the effect of 

reverberation on spatial perception and speech intelligibility 

for different ambisonics orders. 

Methods 

In experiment 1, listeners were asked to judge spatial 

attributes of a sound. In experiment 2, speech intelligibility 

in a speech-on-speech task was measured. 

Listeners 

The spatial perception experiment was performed by seven 

and the speech intelligibility experiment by eight young, 

normal-hearing listeners. All listeners had Danish as their 

native language and were paid on an hourly basis. 

Audiograms were measured for all subjects at the octave 

band frequencies between 250 Hz and 8 kHz and showed 

thresholds smaller than or equal to 20 dB HL. The mean age 

of the listeners was 22.9 years. All participants provided 

informed consent and all experiments were approved by the 

Science-Ethics Committee for the Capital Region of 

Denmark (reference H-16036391). 

One half of the listeners started performing the spatial 

perception experiment. The other half started with the speech 

intelligibility experiment. Single sessions were limited to 

2.5h duration. The listeners were encouraged to take breaks 

during the sessions. 

Loudspeaker Environment 

All experiments were conducted in an anechoic chamber. 

The room was equipped with a 64-channel spherical 

loudspeaker (KEF LS50) array. In this study, only the 24-

channel horizontal ring was used. The 24 loudspeakers were 

equidistantly spaced on a 2.4m radius (separation of 15°, see 

Figure 1). The loudspeakers were driven by a sonible d:24 
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amplifier. The audio signals were generated in MATLAB 

and fed to the amplifier via a digital audio network through 

Ethernet (Dante) and two TESIRA BiAmp DSP units 

including digital-to-analog converters. 

 

Figure 1: Arrangement of loudspeakers around the listener. The 24 

loudspeakers are separated by 15 degrees and 2.4m from the origin 

of the circle. The filling of the loudspeaker symbols depicts the 

subset conditions. Black: 1st order. Grey: 3rd order. The 5th order 

uses every second loudspeaker starting off-axis (not depicted). See 

text for details. 

Stimuli & Spatialisation 

The speech stimuli that were used throughout this study 

were taken from the multi-talker version of the Dantale II, a 

Danish matrix sentence test [7]. The stimuli were spatialized 

using ambisonics reproduction on a horizontal 24-

loudspeaker ring. A 24-transducer setup allows for a 

maximum ambisonics order, M, of 11 [6]. Additionally, the 

first-, third- and fifth-order were investigated using the full 

loudspeaker ring. To examine possible spectral impairments 

as described by Solvang [8], an optimal subset [9] of 

N = 2*M+2 loudspeakers was investigated for first-, third- 

and fifth-order ambisonics. The chosen loudspeaker subsets 

are shown in Figure 1 as black filled symbols representing the 

first-order subset and as grey symbols representing the third-

order subset. The fifth-order subset uses every second 

loudspeaker, starting at the first loudspeaker off-axis. 

The loudspeaker signals were generated using a dual-band 

decoder [10] with a cross-over frequency at M*700 Hz. 

Below that frequency, basic ambisonics decoding was used 

and above that frequency, ‘max rE’ decoding was used [6]. 

The loudspeaker signals were presented to the listeners 

anechoically (direct sound only) and including simulated 

reverberation from a small living room type room (IEC 

listening room, [11]) with a volume of 100m3 and a 

reverberation time of about 0.4 seconds as in [12]. The 

elevated reflections were mapped to the horizontal plane. 

The room was modelled in Odeon [13] and loudspeaker 

signals were generated using the LoRA toolbox [10]. The 

sources were placed at a distance of 2.4m and therefore 

coincided with the distance of the loudspeaker ring. 

The gain factors of the sound source (direct sound) were 

frequency dependent, as shown in Table 1. However, 

ambisonics decoding leads to spectral colourations when 

more loudspeakers than 2*M+1 are used [8]. The spectral 

effect of ambisonics reproduction is shown in Figure 2. The 

responses were calculated from the summed loudspeaker 

signals. To reduce the influence of spectral colourations on 

the experimental outcomes, equalisation filters were 

designed to achieve equal frequency responses as measured 

at the centre of the loudspeaker array. The equalisation 

filters were designed to match the direct sound frequency 

response of the 11th order reproduction (purple line in Figure 

2). The reverberant impulse responses were equalised with 

the same filters as the anechoic (direct sound only) impulse 

responses. Subsequently, the impulse responses for both 

anechoic and reverberant condition were set to unity gain of 

the direct sound. This leads to the reverberant condition 

being perceived as somewhat louder than the anechoic 

condition, but the source levels remained equal. 

Table 1: Gain factors of the source (direct sound) in octave band 

frequencies. 

63Hz 125Hz 250Hz 500Hz 1kHz 2kHz 4kHz 8kHz 

6.4dB 8.7dB 6.4dB 6.2dB 5.8dB 3.7dB 4.2dB -0.7dB 

 

 

Figure 2: Frequency response of the direct sound using different 

ambisonics orders and numbers of loudspeakers before 

equalization. 

Experiment 1: Spatial Perception 

In the spatial perception experiment, listeners were asked to 

localise a single sound source and to judge the size of the 

sound object. The spatial judgements of location and size of 

the object were done on the touchscreen of a 9.7” Apple iPad 

Air 2. The screen displayed the user-interface as in Figure 3. 

To locate a source, listeners had to place a cross at the 

desired location on the touchscreen. To set the size of the 

sound object, listeners could change the size of a circle 

around the cross by moving a finger closer to or further 

away from the origin as in Hassager et al. [14]. If two sound 

objects or split objects were perceived, two or more sources 

could be placed on the user-interface. Listeners were 

specifically instructed that sources could be placed at any 
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location and distance also closer to or further away than the 

indicated loudspeaker ring. Furthermore, listeners were 

verbally introduced to the concept of source width before the 

experiment. 

The sound sources were reproduced using different 

ambisonics-order conditions with and without simulated 

reverberation. A single sentence from the Dantale II database 

was used as a speech stimulus. Furthermore, a speech 

modulated noise (SMN) stimulus was presented to the 

listeners to judge location and source width. The SMN had 

the same long term spectrum and broadband envelope as the 

speech sentence but random phase [15]. All conditions and 

stimuli were presented from the front and either from 15° 

left or right of the listeners’ viewing direction. Each 

condition was repeated three times, leading to 168 runs for 

each subject. The listeners could listen to each sound 

stimulus as often as they liked before making a final decision 

of source location and size. 

 

Figure 3: Part of the user-interface as presented to the listeners in 

the spatial perception experiment to judge the location and the 

width of a sound object. The blue cross could be placed by the 

listener at every location and the radius of the circle adjusted to 

match the size of the source. 

Experiment 2: Speech Intelligibility 

To measure the influence of ambisonics order on speech 

intelligibility, the listeners participated in a speech-on-

speech intelligibility experiment. All sentences of target and 

two interfering talkers were taken from the multi-talker 

version of the Dantale II [7]. The structure of the Dantale II 

sentences is name-verb-numeral-adjective-noun. The name 

was presented as a call-sign and listeners were asked to 

identify the remaining four words on a user-interface 

displayed on an iPad Air 2 touch screen. The responses were 

scored on a word basis and speech reception thresholds 

(SRTs) were measured with an adaptive procedure 

converging at 70% correct intelligibility [16]. The sound 

pressure level (SPL) of the maskers was kept constant at 

60 dB, while the SPL of the target speech was adjusted 

adaptively, starting at 70 dB. The speech material contains 

five female talkers with similar voice pitch. However, two 

talkers were excluded because their average level differed 

strongly from the three other talkers. 

SRTs were measured in two spatial conditions: a co-located 

condition with the target and two interfering talkers 

presented from the front, and a separated condition with the 

target from the front but the interferers presented from ±15°. 

For each SRT measurement, a call-sign (name) was chosen 

randomly and kept for all sentences while the three talkers 

for the target and interfering speech were chosen randomly 

for each sentence. 

Before starting the experiment, each listener was introduced 

to the task and listened to five to ten sentences in quiet to get 

familiarised with the task and the stimuli. SRTs were then 

measured in the seven ambisonics condition, with and 

without reverberation, and with co-located and separated 

interferers, leading to 28 SRT measurements overall. 

Results 

Experiment 1: Spatial Perception 

The main focus in this experiment was to investigate the 

perceived size or width of a sound source in relation to the 

ambisonics coding order. In addition, the methodology also 

allowed investigating the perceived distance and the 

perceived location of the sound sources. 

Figure 4 shows the overlaid responses of the listeners to the 

speech and the speech modulated noise (SMN) stimuli in the 

anechoic condition with all loudspeakers. Figure 7 shows the 

responses for the condition with an ideal subset of 

loudspeakers. Only sources from the front are presented. 

However, the sources at ±15° led to similar results. The data 

show that listeners rated the low orders to be wider than the 

higher orders, e.g. the first-order coding (red) was found to 

lead to the largest rated source width. This effect can also be 

observed in the reverberant condition (see Figure 5 and Figure 

6), even though the source width was overall rated higher in 

the reverberant than in the anechoic condition. The effect of 

reverberation on source width can also be seen in Figure 8, 

where mean and standard errors of the source sizes are 

presented over subjects, repetitions and stimuli for the 

front/side and anechoic/reverberant conditions. The 

perceived sources were placed closer to the actual source in 

the reverberant than in the anechoic condition as it can be 

seen when comparing Figure 4 and Figure 5. No differences 

were found when comparing the full set of loudspeakers and 

the ideal subset of loudspeakers for the same ambisonics 

orders. 
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Figure 7: Representation of the spatial perception responses of the 

listeners with the speech and noise signal in the anechoic condition. 

The signals were reproduced using an ideal subset of loudspeakers 

and ambisonics orders as shown in the subfigures. The source 

direction was 0° on-axis. 

Figure 4: Representation of the spatial perception responses of the 

listeners with the speech and noise signal in the reverberant 

condition. The signals were reproduced using all loudspeakers and 

ambisonics orders as shown in the subfigures. The source direction 

was 0° on-axis. 

Figure 6: Representation of the spatial perception responses of the 

listeners with the speech and noise signal in the reverberant 

condition. The signals were reproduced using an ideal subset of 

loudspeakers and ambisonics orders as shown in the subfigures. The 

source direction was 0° on-axis. 

Figure 5: Representation of the spatial perception responses of the 

listeners with the speech and noise signal in the anechoic condition. 

The signals were reproduced using all loudspeakers and ambisonics 

orders as shown in the subfigures. The source direction was 0° on-

axis. 
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Figure 8: Perceptual area of sources (mean ± standard error) 

calculated over listeners, repetitions and stimuli in m2 (area of the 

circle) over the ambisonics reproduction conditions. The circles 

represent the frontal sources and the squares the ±15° side sources. 

The blue symbols depict the anechoic condition while the red 

symbols depict the reverberant condition. 

In addition to the source width percept, the localisation 

accuracy was evaluated. A 5-way ANOVA with subjects, 

ambisonics order, audio type, spatial condition and 

reverberation as main effects revealed significant effects of 

ambisonics order (F6, 927=2.72, p=0.31) and location 

(F1, 927=137.21, p=0.0001). Figure 9 shows the average RMS 

localisation error over the ambisonics orders for on- (front) 

and off-axis (side) presentation direction. The error was 

always found to be below 10°, except for the first-order 

reproduction with four loudspeakers where the error was 

found to be 47° and 23° for the front and the side 

reproduction, respectively. However, overall, no relation was 

found between the ability to localise the stimuli and the 

ambisonics order. 

 

Figure 9: Localisation error (RMSE) for both stimuli and 

anechoic/reverberation condition over ambisonics orders. The front 

(on-axis) condition is shown in red and the side condition (15° off-

axis) is shown in blue. 

Experiment 2: Speech Intelligibility 

The results obtained in the speech intelligibility experiment 

are shown in Figure 10 as speech reception thresholds (SRT) 

at 70% intelligibility in dB target-to-masker ratio (TMR). 

The circles represent the SRTs obtained in the co-located 

condition and the squares represent the ±15° separation 

condition. The reverberant condition is depicted in red and 

the anechoic condition in blue. 

To analyse the speech intelligibility data, a 4-way ANOVA 

with subjects, ambisonics order, spatial condition and 

reverberation as main effects was used. Hereof, the main 

effect subjects was treated as a random effect. All factors 

were found to have a significant effect on speech 

intelligibility, except the factor subjects. 

In the co-located condition, neither an effect of 

reverberation nor of ambisonics order on SRT was found in 

a multiple comparison analysis based on 95% confidence 

intervals. The overall mean SRT in the co-located condition 

was 3.7 dB TMR. In contrast, in the separated condition, 

reverberation led to a significant difference for the fifth-

order reproduction with all loudspeakers (p=0.0001), fifth-

order with a subset of loudspeakers (p<0.0001) and for the 

eleventh-order reproduction (p<0.0001). With reverberation, 

the average speech intelligibility decreased by 3.8 dB 

to -5.9 dB in the significant ambisonics order conditions. 

Furthermore, for both anechoic and reverberant condition, 

the SRTs decreased with increasing ambisonics order. 

However, the decrease was found to be steeper in the 

anechoic condition than in the reverberant condition. The 

comparison between the full set of loudspeakers and the 

subset of loudspeakers for the first-, third- and fifth-order did 

not show a significant difference on speech intelligibility. 

 

 

Discussion 

The decrease in perceptual source width with increasing 

ambisonics order results from the energy spread calculated 

from the length of the ambisonics energy vector as in [17]. 

The resulting angles for the ambisonics order conditions are 

shown in Figure 11. With increasing ambisonics order, the 

Figure 10: Speech intelligibility (mean ± standard error) as target-

to-masker ratio (TMR) in dB over the ambisonics reproduction 

conditions. The circles represent the co-located condition and the 

squares the ±15° separation condition. The blue symbols depict the 

anechoic condition while the red symbols depict the reverberant 

condition. 
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energy spread decreases. For the full set of loudspeakers, the 

difference between first and eleventh order is about 30°. 

However, the physical energy spread cannot fully account 

for the perceptual source width, which changed from about 

30° in the first-order ambisonics condition to 15° in the 

eleventh order condition. Therefore, the perceptual range is 

limited at the lower end of the source width, which might be 

explained by the limited size of the touch screen. The 

physical energy spread was found to be larger for the subset 

of loudspeakers than with the full 24 loudspeaker array. This 

difference could not be found in the perceptual source width. 

However, it seemed that with first-order ambisonics using 

four loudspeakers, the perceived sound image was less 

stable, since the localisation accuracy decreased strongly 

(see Figure 9). 

 

Figure 11: Energy spread for the seven ambisonics conditions for a 

frontal sound source. The dark bars represent the full loudspeaker 

array while the grey bars depict the loudspeaker subset conditions 

with 2*M+2 loudspeakers. 

The localisation error with natural sources in the frontal area 

was reported to be 1° [18]. Previous work on ambisonics 

reproduction showed that fourth-order reproduction leads to 

comparable errors in localisation as with natural sources 

[19], whereas lower orders lead to significantly higher 

errors. The data presented in Figure 9 show larger errors than 

previously found, even for higher orders of ambisonics 

reproduction. However, this type of experiment is not ideal 

for examining the ability of the listeners to localise sounds 

because of the coarse grid of the user interface which 

introduces an error by itself. Furthermore, no difference of 

the localisation error was found between the different 

ambisonics order conditions, except for the first- order with 

the subset of loudspeakers. 

In the speech intelligibility experiment with co-located target 

and interfering talkers, no effect of ambisonics order was 

found. This is consistent with previous work showing that 

the speech reception thresholds (SRTs) in the co-located 

condition are mainly determined by the signal-to-noise ratio 

(SNR) [20]. Typically, listeners understand speech when the 

SNR turns positive in the co-located scenario, since no other 

cue than a level cue is available to perceptually separate the 

target from the interfering speech. In the spatially separated 

condition of the target and the interfering talkers, speech 

intelligibility was found to increase with increasing 

ambisonics order. This effect might be due to the different 

sound pressure levels at the ears of the listeners. Even 

though the ambisonics order conditions were equalised to the 

eleventh order condition at the centre of the loudspeaker 

array, the ambisonics reproduction at off-centre locations has 

errors. The difference in level between the ear signals of a 

B&K HATS is shown in Figure 12 and Figure 13 for a frontal 

source for the full set and the subset of loudspeakers, 

respectively. Additionally, the level difference between the 

ears for a single loudspeaker is shown as a reference. The 

eleventh-order reproduction leads to a similar response as 

the single loudspeaker, while the lower orders introduce 

frequency-dependent level differences and, thus, errors. The 

errors are smaller in the condition with a subset of 

loudspeakers (Figure 13), than with the full set of 

loudspeakers, as previously shown by Solvang [8]. These 

level differences could influence the ability of the listeners to 

segregate the target from the interfering speech and thus 

decrease speech intelligibility in the spatially separated 

condition. 

 

Figure 12: Level difference between the left and the right ear 

measured with B&K HATS in the centre of the loudspeaker array. 

The responses are for a direction of 0° and with a full set of 

loudspeakers. The black curve is a reference for a single 

loudspeaker. 

Reverberation decreased speech intelligibility in the spatially 

separated condition. However, the effect was similar for all 

ambisonics order conditions. Thus, reverberation did not 

seem to influence the perception of ambisonics coding.  

In the condition with the full set of loudspeakers, the 

difference between first and eleventh order was found to be 

5 dB for the anechoic and the reverberant scenario, 

However, with a subset of 2*M+2 loudspeakers, the 

difference between first and fifth order was 5 dB and 8 dB 

for the reverberant and the anechoic scenario, respectively, 

and therefore higher than for the full set of loudspeakers. 
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Figure 13: Level difference between the left and the right ear 

measured with B&K HATS in the centre of the loudspeaker array. 

The responses are for a direction of 0° and with a subset of 

loudspeakers. The black curve is a reference for a single 

loudspeaker as in Figure 12. 

Summary and Conclusions 

Two experiments were presented, that investigated the effect 

of ambisonics order on spatial perception and speech 

intelligibility. The comparison between the spatial 

perception and the speech perception experiment showed a 

decrease of the perceptual source width and the speech 

reception threshold with increasing ambisonics order. Thus, 

the hypothesis that a wider source width leads to more 

difficulties in separating closely spaced target and interfering 

speech was supported by these findings. Similar effects of 

ambisonics order on speech intelligibility and on the source 

width percept were found for the full set of 24 loudspeakers 

as for the optimal subset of loudspeakers. Furthermore, the 

effect of reverberation on ambisonics order conditions was 

investigated. The data showed that reverberation increased 

the perceived source width and decreased speech 

intelligibility. However, the effect was found to be similar 

for all ambisonics order conditions and therefore does not 

influence the ambisonics reproduction. 
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Abstract

”Vision Kirchenmusik” is a project group aiming to find new concepts for presenting church music to the public. One
of the most recent projects was the concert advertisement announcing the St. Luke Passion composed by Krzystof
Penderecki. This contribution reports on the audio production carried out for this project focussing on a guided inner
city walk containing light art and sound installations. In particular, the binaural synthesis and use of reverb for Higher
Order Ambisonics rendering is discussed.

Introduction
”Vision Kirchenmusik” is a project group driven by
the Evangelisch-lutherische Landeskirche Hannover [1].
Besides networking activities and educative tasks the
project researches on new concepts for presenting church
music to the public. This includes the organisation
of events and concerts using contemporary approaches
as well as innovative ways in music communication.
Of course also traditional ways like informative talks
or themed church services are organised by ”Vision
Kirchenmusik”.

In this contribution we look at their project ”Passio 2017”.
This project was launched due to the ”Reformationsjahr”
celebrations to perform the St. Luke Passion composed
by Krzystof Penderecki [2].

The St. Luke Passion concert performances took place
in three cities, i.e. Hannover, Lüneburg, and Emden. In
this contribution we solely focus on the concert adver-
tisement that took place in Emden. The advertisement
was prominently realised by a guided inner city walk
containing sound installations and binaurally enhanced
audio excerpts.

In section we shortly introduce the music of the
St. Passion by Krzysztof Penderecki. Then some more
background on the inner city walk is given. The playback
technology is described in section .

Project
Krzysztof Penderecki is a Polish composer and conductor
born in Debica in 1933. The St. Luke Passion (”Passio
et mors Domini nostri Jesu Christi secundum Lucam”)
belongs to his best known works. It is written in an avant-
guarde musical language. The orchestration is scored for
a large ensemble with narrator, soprano, baritone and
bass soloists, three mixed choruses and a boys’ choir, as
well as a large orchestra. The St. Luke Passion premiered
on 30 March 1966 in Münster Cathedral, whose immense
success brought genuine popularity to the then 32-year-old
composer [3].

The music of Penderecki’s St. Luke Passion is highly
complex, it is demanding for the performing musician
and also for the listener. Moreover the genre of
Penderecki’s composition is often not expected being

Figure 1: This map shows all stations of the guided walk
through the inner city of Emden. [2]

church music. The need for special action to make a
concert performance of the St. Luke passion successful was
very obvious. ”Vision Kirchenmusik” took this challenge
and implemented various activities in Hannover, Lüneburg
and Emden. The inner city walk in Emden was therefore
intended to prepare peoples’ expectations and general
understanding of the music of Krzysztof Penderecki.

Inner City walk
The inner city walk was besides information events, school
projects and themed church services the essential part
of the concept developed by ”Vision Kirchenmusik” in
Emden. It provided a number of installations with light
art, music, prose and other information reflecting the
music of the St. Luke’s passion. Therefore the walk was
also referred to as ”Light and Sound Parcours”.

There were ten stations in total, the main component of
each station was some light art. Figure 1 shows the map
with all stations of the walk.

Three stations had loudspeaker installations playing back
music excerpts of the St. Luke passion during the evening
hours. Additionally, the music and other content was
provided online for mobile consumption (i.e. using a
smart phone). The resources were made accessible by CR
codes as shown in Figure 2.

Light art
The light art was created by Nikola Dicke for this project.
[4]. At the 10 parcours stations the light art was realised
by various projections onto walls of buildings, the ground
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Figure 2: QR-Codes are found at the stations of the inner
city walk to provide access to the music and additional content.
[2]

or other surfaces. The content reflects the musical
material, the visual impression was intended to guide
the viewer’s emotions. A selection of three images is
given here, a complete summary is found in Rolf [2].

Figure 3: ”Weltspuren” - light art animation sequence by
Nikola Dicke combined with a movie; Luther-Kirche Emden
(station 10)

Figure 3 shows an image of an animated drawing by Nikola
Dicke of refugees, combined with a movie with refugees
in world war II. Both were projected on the walls of the
Luther-Kirche. At this station (#10 of the parcours)
sound was provided via a loudspeaker positioned outside
in front of the church.

The projection ”Entäuschung” referring the St. Luke
passion shown in Figure 4 was slowly moving on the
surface of the the ceiling inside the church St. Michael
(#8 of the parcours). The spectator was only able to enter
the hallway of the church and had to look through a glass
door. Inside the church a Penderecki music excerpt was
played back via a loudspeaker. However, no direct sound
from the loudspeaker was reaching the spectator. Instead,
much reverb due to the church’s acoustics caused strong
low pass characteristics of the resulting sound in the
hallway. Normally this is undesirable for public address
systems, but in the context of this specific situation it
was greatly serving the artistic intend.

Not only walls, but also tree trunks were used for the
projection of images as shown in Figure 5. As for most
other other stations, the music was provided online only

Figure 4: ”Enttäuschung” shows the projection of a drawing
by Nikola Dicke on the ceiling inside the church St. Michael
(station 8).

Figure 5: ”Tränen” are animated tears flowing down trees
(station 6).

at this station.

On-line music presentation
The music presented on-line was supposed to be listened
to using head phones. Accordingly the option of binaural
synthesis facitilitated an adaption of the music excerpts
to the individual stations of the walk.

The resulting binauralisation of the online examples
should match to the content of each station acustically.
This could be achieved by reflecting the light art pre-
sentation. A presentation in a reverberant environment
may demand some reverb on the acoustical side. A
presentation in free field conditions might suggest a very
dry auralisation of the musical content.

On the other side, the content of the St. Luke passion itself
could motivate certain acoustic details. Jesus in front of
King Herod could have happened inside and needs reverb,
in opposite to the crucifixion that happened outside.

Finally the emotional impact of a virtual acoustic
environment has to be considered. A dry and analytical
presentation of music evokes other emotions than the
same piece of music in a bombastic reverberant hall.
Considering all these aspects helps to find the right
decision for a proper binauralisation. The technical
options to accomplish the binauralisation are described
in the the following section.
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Playback technology
The use of head phones enables the application of virtual
acoustics. Binaural synthesis is used for the rendering of
virtual sources [5]. The music of the St. Luke Passion is
provided as a stereo CD recording. The stereo signal can
be played back using a pair of virtual loudspeakers when
using binaural synthesis. This kind of playback avoids
the effect of ”in head” localisation normally occurring
for head phone listening. On the other side, the effect
of ”in head” localisation can be employed as an artistic
mean.

Head related transfer functions (HRTF) are required for
binaural playback [5], [6]. The problem of HRTF individ-
ualisation largely affects the qualtity of experience. In
the context of the ”Passio 2017” project individualisation
of HRTF was technically not reasonable. Instead, two
different tool kits used for binauralisation were taken and
applied as found appropriate to the content.

The spatialisation of signals is accomplished using Higher
Order Ambisonics (HOA). This is described in more detail
in Section . After that Section discusses spatial aspects
of reverb in particular.

Processing Chain
Figure 6 surveys the general processing chain for binaural
signal generation:

1. The stereo signal is fed to a HOA panning tool in the
beginning. This panning tool positions the left and
right speaker signal in space, i.e. usually yielding
a opening angle of 60◦. The encoding to HOA
coefficients results in a 4 to 36 channel representation
depending on HOA order N .

2. The next step in the processing chain is to add audio
effects like reverberation. In that case, the HOA
signal is convolved with a HOA representation of a
room impulse response. By this step addtional 3D
information is added to the stereo scene.

3. The output of the effect section is rendered to
specific loudspeaker positions. In our case most
audio examples were processed to 12 positions in
space yielding a 3D loudspeaker installation.

4. To obtain a binaural synthesis of the 3D soundfield
as created by the 12 loudspeaker layout of the recent
step, all loudspeaker signals are convolved with a set
of head related transfer functions. The result is a
binauralisation of the 3D soundfield.

To implement this processing chain in a digital audio
workstation (DAW), a number tool-kits was employed.
As a OSX based platform was used, the selected DAW
is Reaper (V5.40, [10]). The toolkits used in this work
are Ambix beeing a ”Ambisonic plugin suite” [7], the
”multichannel audio plug-in suite” (MCFX) [8], and the
”Ambisonic Toolkit” (ATK) [9], [11].

The tool-kits are used in three different setups. The first
setup directly reflects the processing chain as shown in
Figure 6. The panning and encoding stage is implemented

using ambix encoder i2 o1. The plugin takes the two
input channels and allows steering of the two directions
being encoded. The HOA output is set to order N = 1.
The subsequent reverb processing by the mcfx convolver

o1 determines this order as the HOA impulse responses
provided by the MCFX package are first order. Finally,
the last two stages are implemented by the ambix

binaural o1 plugin using the iem cube h2 allrad-01

setup.

The second setup omits the reverb processing, therefore
the order is no longer limited and was chosen to N = 5
to emphazise the spatial resolution.

The third setup employs the ATK. The ATK only supports
First Order Ambisonics (FOA), e.g. N = 1. For
the encoding stage the ATK FOA Encode SuperStereo

is used. ”Super Stereo” is often used in the context of
UHJ Ambisonics representations [12], claiming to yield
a wider stereo image than produced with conventional
methods. The decoding and binaural rendering is again
jointly processed in a single plugin called ATK FOA Decode

Binaural. The ATK provides a variety of head related
transfer functions that can be selected for binaural
rendering.

Reverb
The perception of envelopment when listening to a
multi channel loudspeaker presentation is caused by the
spatial information of the recording and in particular
by the reverberation contained in the recording. Also,
some reverb is caused by the listening environment that
also envelopes the listener. While 3D and surround
loudspeaker layouts naturally can provide a rich amount
of envelopment, this is more limited for stereo playback.

The envelopment caused by the binaural synthesis of
stereo content is mainly due to reverb in the content
and reverberation information contained in the HRTF
set used for binauralisation. Often it is desired to have a
dry HRTF set to enable the playback of binaural content
”as is” without any additional reverb from the virtual
playback room. On the other side, for virtual loudspeaker
representations of real loudspeaker setups like stereo or
surround sound the presence of reverb appears to be
useful.

Binaural synthesis provides virtual sources for all direc-
tions around the listener. Therefore the envelopment can
be enhanced by additional reverb that is spatially spread
to all directions around the listener’s head. In other words,
additionally to the virtual stereo pair of loudspeakers
reverb sources are added for better envelopment.

The reverb properties in general depend on the early
reflections and diffuse part (or reverb tail). Naturally, the
early reflections carry information about the acoustical
environment that is auralised by the reverberations.
However, for a natural perception of reverb the reverb tail
may also contribute to spatial information of the sound
field and therefore needs careful treatment [13].

In this contribution, the spatial reverb added to the
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HOA encoding
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Figure 6: The HOA based processing chain employed for the binauralisation of the stereo recordings. The processing blocks
are implemented using the toolkits Ambix, MCFX, and ATK [7]–[9].

stereophonic content of the CD production is generated
by means of First Order Ambisonics (FOA). B-Format
recordings are provided with the MCFX toolbox [8].

Discussion and outlook
The project group ”Vision Kirchenmusik” advertised
concerts presenting the St. Luke passion by Krzysztof
Penderecki organising the project ”Passio 2017”. In
Emden an inner city walk with ten stations presented
light art combined with audio examples being binaurally
processed to fit to the content of the individual stations.
Since all concerts were sold out the project can be denoted
being successful overall.

The binaural processing using Higher Order Ambisonics
was described on basis of the tool kits employed, in
particular AMBIX and ATK. The use of these tool
kits enables are variety of creative options to tailor the
playback accordingly to the individual stations of the
walk. On the other side the impact of the binauralisation
cannot be precisely specified. Due to the lack of the
individual HRTF the effect of binauralisation might have
been weak. As only processed playback was presented to
the listener, no comparison to unprocessed audio content
is possible.

References
[1] U. Pankoke. (2017). Vision kirchenmusik, Damit
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Abstract

Binaural audio is growing in relevance due to an increase in mobile media consumption (and therefore headphone
listening) and due to an increase in the popularity of immersive technology as a whole. With this comes an increasing
need to evaluate the quality of experience provided by binaural audio. Overall listening experience (OLE) is an affective
measure used in the evaluation of audio and can be regarded as the ‘quality of experience’ in the context of audio
consumption. In this paper, a web-based study is presented that investigates the influence of binaural audio on OLE.
Results show that, for the stimuli and participants used, binaural processing influences OLE in a small but significant
way compared to stereo headphone reproduction.

Introduction
Currently, binaural audio could be considered as the
most accessible form of immersive audio as the majority
of people already own the technology required for its
playback. This, coupled with the popularity of headphone
listening, means that binaural content is becoming
increasingly available to the audience, whether it be
in the form of television programmes [1] or live music
concerts [2]. Among others, benefits of binaural audio
could include externalisation of auditory events (i.e. the
sensation of hearing an auditory object outside the head),
a greater sense of being in a certain environment and
greater flexibility in production decisions (whether those
be decisions related to realism or artistic intent).

This increasing availability of binaural content leads to
an increasing need to evaluate the quality of experience
of binaural audio. Quality of experience can be defined
as “ the degree of delight or annoyance of the user of an
application or service. It results from the fulfillment of
his or her expectations with respect to the utility and / or
enjoyment of the application or service in the light of the
user’s personality and current state” [3]. Quality of expe-
rience therefore encompasses factors such as context of
use, user characteristics and the multidimensional nature
of quality. The majority of studies on the evaluation of
binaural reproduction focus on specific technical aspects
and are typically conducted in laboratory settings. Such
studies have a high internal validity and are indeed highly
relevant for the advancement of the technology. However,
it is also important to evaluate the benefits of binaural
audio with a more holistic, quality of experience based
approach. The study presented here aims to do that.

In this study, a web-based experiment with 58 participants
was conducted. One aim of this study was to evaluate the
overall listening experience of binaural audio for a range of
binaural content and participants. As the study was web-
based, the experiment can be considered to have a high
external validity [4]; participants listened to the content in
a situation typical of their normal listening environment
and with the technology that they would typically use.
The results presented here deal with this aim. Secondly,

the experiment was designed to investigate how human
factors influence the overall listening experience of audio.
Aspects of this objective are discussed here, however the
majority of these results shall be presented elsewhere.

Related Work
The measure used to evaluate binaural audio in this
experiment is ‘overall listening experience’. This is an
affective measure introduced in [5] and is described as
being the quality of experience in the context of audio
consumption as it is intended to include all possible
factors that may influence listeners’ ratings of stimuli.
Possible influencing factors could include the song, lyrics,
audio quality, the listeners mood and the reproduction
system. OLE has been used in a range of studies including
investigations on the influence of timbral audio quality
on OLE [6], the influence of up/down mixes on OLE [7],
the influence of single/multi-channel systems on OLE
[8] and for the evaluation of 3D audio systems [9]. To
assess OLE, participants are asked to rate stimuli on a
five-star Likert scale taking everything into consideration
that is important to them (e.g. quality, content etc.).
Ratings are first given for reference conditions (i.e.
unprocessed stimuli) and these act as a measure of how
much participants like each song without taking any
processing into account. These ratings are known as ‘basic
item ratings’. Secondly, the conditions to be tested (e.g.
different reproduction methods) are rated and these are
known as ‘item ratings’. It is then possible to compare the
basic item ratings with the item ratings so as to evaluate
how much the different conditions influence the overall
listening experience.

Other approaches to assess the quality of experience
of binaural rendering are outlined in [10]. These
include direct measures, such as attribute rating with
and without a reference, and indirect measures, such
as task performance, physiological measures and brain
imagery. It is noted that a complementary approach is
needed to assess the quality of experience. On the one
hand, global measures should be used to assess overall
experience, whilst on the other hand, attribute ratings
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are necessary to gain insight into what constitutes a good
overall experience. A review of approaches that combine
global and attribute judgments is presented in [11]. As
mentioned above, the study presented here focuses on a
global measure to evaluate the overall experience. Specific
examples of other studies that have compared binaural
content with stereo content include, among others, [12],
[13] and [14].

Experimental Design
This experiment was conducted as a web-based study.
This was seen as appropriate as a large number of
participants were required from a range of backgrounds
and, furthermore, the differences between stimuli were not
so small as to necessitate strict laboratory reproduction
conditions. Moreover, as previously mentioned, a web-
based approach leads to a higher external validity, which
is an important consideration when evaluating quality of
experience. The study was split into three sections; an
online questionnaire to collect psychographic data and
two online listening sessions. These are described in more
detail in the following sections.

Psychographic Data Collection
As another aim of this study was to to investigate
how human factors influence OLE, a comprehensive set
of questions relating to demographics, experience and
attitudes towards audio technology were presented to
participants. It is not in the scope of this paper to
fully describe the questionnaire used, however, data were
collected on the following topics:

• Demographics: gender, age group, level of education
and self-reported hearing normality.

• Experience: work and hobbies, headphone usage,
binaural experience and previous listening tests.

• Attitudes towards audio technology: measures of
innovativeness [15], competence [16] and enthusiasm
[16].1

Stimuli
10 music items were used for the main rating sessions with
an additional four being used for the familiarisation pages,
see Table 1. These spanned a range of genres and suitable
phrases were selected that ranged in duration from 16 -
25 seconds (mean 21.9 s). The main selection criterion
for these items was that they were available in formats
that were suitable for the generation of binaural versions,
i.e. captured with appropriate microphone techniques for
the live classical and jazz performances and available as
multitrack recordings for the popular items. Further
criteria were that they were relatively broadband in
nature, had a relatively wide stereo image and would
elicit a range of preferences.

For each item, four conditions were created: stereo, mono,
3.5 kHz low-pass filtered and binaural. The mono and

1The questionnaire to measure competence and enthusiasm was
originally published in German and was therefore translated to
English for this study.

3.5 kHz low-pass conditions were included primarily for
the other objective of this experiment, however, they
also serve as useful reference points when comparing the
stereo and binaural conditions. All items were available
as stereo mixes and these were used as the basis for the
creation of the degraded mono and 3.5 kHz low-pass
conditions. The mono items were created by passively
downmixing the stereo items in accordance with ITU-R
BS.775 [17]. The 3.5 kHz low-passed items were generated
with a 5th-order Butterworth filter. A professional sound
engineer experienced in mixing spatial audio assisted
in the generation of the binaural items. The classical
and jazz items were captured with a Schoeps ORTF-3D
microphone array plus a range of close mics and were
binaurally post-processed using a BBC R&D binaural
renderer. For an informal discussion on the recording
process please refer to [2]. It should be noted that the
same engineer produced both the stereo and binaural
mixes for the classical and jazz items. With the remaining
popular items, multitrack recordings were available which
included a combination of individual instrument tracks
and grouped instrument tracks. These tracks were treated
as audio objects and were binaurally post-processed using
the same software as the classical and jazz items.

All stimuli had a 250 ms fade-in and fade-out applied
and were presented as 44.1 kHz / 16 bit WAV files.
Additionally, a two-stage loudness alignment process was
conducted to equalise the loudness of all stimuli. The
first stage involved aligning all stereo items to a target
loudness of −18 LUFS in accordance with [18]. A target
loudness of −18 LUFS was chosen as such a level is more
appropriate for mobile devices than the more typical −23
LUFS [19]. Secondly, the remaining conditions for each
item were aligned to the loudness of the stereo condition
using the Glasberg and Moore loudness model applicable
to time-varying sounds [20]. This was applied without an
outer ear transfer function stage as the stimuli were to
be presented over headphones.

Procedure of Listening Sessions
The listening sessions were conducted online by means
of the software webMUSHRA [21]. Each participant
completed two listening sessions with a duration of
approximately 15-20 minutes each. These were separated
by a break of at least one week so as to prevent
over familiarisation of the stimuli which could lead to
annoyance and bias in the ratings. Each listening session
included an introduction page, a familiarisation page, a
multiple stimuli basic item rating (BIR) page and 20
single stimulus item rating (IR) pages. Both of the two
sessions were identical apart from the stimuli used in the
single stimulus ratings.

On the introduction page participants were welcomed
and asked to ensure that they were in a quiet space with
headphones plugged into their device. The following
instructions were given about the task to be completed:

In this experiment you will listen to various
excerpts of music. For each excerpt you will
be asked to rate your overall listening experience
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Table 1: Overview of the content items used. Starred items were used in the familiarisation stage only.

Genre Artist Title Duration Notes

Classical - Choral Bach Komm, Jesu, Komm 21 s Performed by The Sixteen for BBC Prom 42, 2016

Jazz - Big Band Duke Ellington Circle of Fourths 23 s Performed by the National Youth Jazz Orchestra
of Scotland for BBC Prom 28, 2016

Jazz - Trumpet Improv. Duke Ellington Lady Mac 24 s Performed by the National Youth Jazz Orchestra
of Scotland for BBC Prom 28, 2016

Folk Hezekiah Jones Borrowed Heart 25 s Recorded for Weathervane Music’s Shaking
Through, Vol. 2, Ep. 4

Indie Hop Along Sister Cities 22 s Recorded for Weathervane Music’s Shaking
Through, Vol. 4, Ep. 5

Electronic La Big Vic Musica 18 s Recorded for Weathervane Music’s Shaking
Through Vol. 2, Ep. 3

Hip Hop Lushlife Toynbee Suite 25 s Recorded for Weathervane Music’s Shaking
Through Vol. 4, Ep. 8

Classical - Orchestral Prokofiev Romeo and Juliet 23 s Performed by the BBC National Orchestra of
Wales for BBC Prom 16, 2016

Classical - Orchestral Schubert Symphony No. 9 23 s Performed by the BBC Philharmonic for BBC
Prom 24, 2016

Pop Steven A. Clarke Bounty 20 s Recorded for Weathervane Music’s Shaking
Through Vol. 4, Ep. 1

Folk* Lea Thomas Wild As You Are 20 s Recorded for Weathervane Music’s Shaking
Through Vol. 8, Ep. 1

Classical - Orchestral* Schubert Symphony No. 9 24 s Performed by the BBC Philharmonic for BBC
Prom 24, 2016

Classical - Orchestral* Tchaikovsky Romeo and Juliet 16 s Performed by the BBC Symphony Orchestra for
BBC Prom 1, 2016

Indie* The Tontons Lush 23 s Recorded for Weathervane Music’s Shaking
Through Vol. 5, Ep. 2

Figure 1: User interface for OLE ratings.

on a simple scale. In particular, you will be
asked “How much do you enjoy listening to the
following music item(s)” with possible answers
ranging from “not at all” to “very much”. When
making your ratings you should take everything
into account that you would normally in a real
world scenario (e.g. your taste in music, the
audio quality etc.).

After the introduction, a familiarisation page allowed
participants to play and rate four stimuli in order to
adjust the volume of their device to a comfortable level
and to practice using the interface. It was stated that once
adjusted, the volume should not be changed during the
remainder of the experiment. The four stimuli included
one of each quality condition and were not used in the
main rating pages. As with all of the rating pages, the
order of the stimuli on the page was randomised. Ratings
were made on a five-star Likert scale with labels of ‘not
at all’, ‘not a lot’, ‘neutral’, ‘quite’ and ‘very much’, see
Figure 1. Before making a rating of an item, participants
had to listen to the item completely and before moving
on to the next page, all items had to be rated. After the
familiarisation page, participants made ratings of all of
the stereo stimuli (10 items in total) presented on a single
page. These ratings are known as the basic item ratings
(BIRs). Following this, single stimulus ratings were made
for 20 stimuli which consisted of each content item at

two quality levels. Moreover, each quality level appeared
the same number of times in each session. Over the
two sessions, participants therefore rated all stimuli (10
items by four conditions) by the single stimulus method.
These are known as item ratings (IRs). The allocation
of stimuli to sessions was predetermined. To ensure that
all combinations of quality levels for each content item
were included, six configurations were needed and the
assignment of these to participants was balanced.

Participants
Participants were recruited through a variety of institu-
tional mailing lists, social media, forums and participant
recruitment websites, the aim being to recruit participants
from a range of backgrounds. In total, 58 participants
completed all three sessions of the experiment. 45
participants with valid email addresses completed the
online questionnaire but did not complete either of the
listening sessions and seven participants completed the
first listening session but did not complete the second
listening session. This resulted in a total attrition rate of
47%. It should be mentioned that this is a higher attrition
rate than one might find in laboratory experiments.
Higher attrition rates may be an inherent aspect of web-
based studies as participants could feel less committed to
the experiment.

Results

Participant Reliability
Prior to conducting data analysis on either the psycho-
graphic data or OLE data, participant suitability and
reliability was assessed through several means. Firstly,
two participants self-reported that they did not have
normal hearing and were therefore excluded from the
analysis.

Posters Walton

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

172



In both listening sessions participants made basic item
ratings of all 10 stereo items. To assess participant
reliability it was therefore possible to calculate the mean
rating difference between the basic item ratings in each
session. The median BIR difference between the two
sessions was 1, i.e. one star on the rating scale, and
the distribution around the median was normal. Two
participants were seen to have a BIR mean difference
outside of 1.5 x the interquartile range, however, as
these two outliers were close to the boundary of 1.5 x
IQR (within 0.2 rating stars), it was decided that it was
not necessary to exclude these participants from further
analysis.

Finally, the distribution of each participants’ BIRs were
checked in order to identify participants who may skew
the results. Participants with a mode BIR at the extremes
of the rating scale (i.e. those who chose ‘not at all’ or
‘very much’ most frequently) would potentially be limited
in expressing improvements or deterioration due to the
processing in comparison to their BIRs. Eight participants
had a mode BIR of either ‘not at all’ or ‘very much’ and
were therefore excluded from further analysis.

To summarise, a total of 10 participants (17%) were
excluded and therefore data from 48 participants are used
in the following analysis.

Psychographic Data
A brief overview of the psychographic results are given
here, however a full discussion is outside the scope of this
paper.

In terms of demographics, the sample was predominantly
male (69%), younger than 35 (61%) and educated to a
university level (73%). The age range spanned from 18-25
(9 participants) to 66 or older (2 participants).

With regards to work and hobbies, the sample was equally
split between those who have work and hobbies related
to audio technology and those who do not. The majority
of participants listen to audio over headphones either
everyday or often (77%). For binaural audio listening
experience, half of the sample have some experience of
listening to binaural audio, 25% have no experience and
25% are not sure. It could be assumed that those who are
not sure are unfamiliar with the term ‘binaural’ and are
therefore more likely to have no experience rather than
some experience. If this is the case, the sample would
be equally split between those who have no experience
and those who have some experience of binaural audio
listening. Finally, just less than half of the sample (46%)
had not participated in listening tests previously.

Attitude scores relating to competence, enthusiasm and
innovativeness were calculated for each participant. These
scores were normalised to lie in the range of 0 to 1. For
all measures the median was between 0.6 and 0.8, with
competence having the highest median and enthusiasm
the lowest. The smallest range in results was seen for
competence (0.45 - 1) and the largest for enthusiasm (0.2
- 0.96).

The above results highlight that a range of participants
were used in this experiment, both in terms of demograph-
ics and attitudes towards audio technology.

OLE Analysis
The OLE ratings were made on a five-star Likert scale
and as such could either be interpreted as ordinal data
(from the labels) or interval data (from the number of
stars). Typically it is recommended to use non-parametric
statistics and median values for ordinal data, whereas with
interval data it is possible to use parametric statistics and
mean values. The choice of analysis for Likert-type data is
well discussed in the literature and some prominent studies
such as [22] advocate the use of either non-parametric or
parametric analysis. Specific to the analysis of OLE, it
was shown that there are only minor differences in effect
sizes and statistical significance values when comparing
non-parametric and parametric methods [23]. In the
analysis of the OLE data presented here, the data are
generally regarded as ordinal and as such non-parametric
statistical techniques are used. In some cases mean values
are deemed appropriate and are also included.

To gain an overview of how much the content was liked
by participants, a histogram of all basic item ratings is
presented in Figure 2. When averaging over participant
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Figure 2: Histogram of all basic item ratings.

and content, ratings of ‘neutral’ and ‘quite’ are most
common followed by ‘not a lot’. The relatively large
difference between frequencies of the middle ratings (2,
3 and 4 stars) compared to the extreme ratings (1 and
5 stars) suggests that the content chosen is suitable to
evaluate the impact of the various quality levels.

An overview of the OLE ratings associated with the
different processing conditions can be seen in Figure 3.
When averaged over the different items it is seen that the
3.5 kHz condition has the lowest ratings followed by mono,
binaural and stereo. Non-parametric Wilcoxon signed-
rank tests are used to quantify the significance of the
differences between these conditions and values from this
analysis are presented in Table 2. All comparisons reveal
significant differences (p < .05). The timbral degradation
introduced by a 3.5 kHz low-pass filter has much more of
an impact on the ratings than either the mono or binaural
processing. The small difference in ratings between mono,
binaural and stereo suggest that, when averaged over
participant and content, spatial processing has only a
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Figure 3: Relative frequencies of item ratings grouped by
processing.

Table 2: Z statistics and p-values from Wilcoxon signed-rank
tests on OLE data.

Mono Binaural Stereo

3.5 kHz
Z = −12.5
p = .000

Z = −13.7
p = .000

Z = −14.5
p = .000

Mono
Z = −2.2
p = .030

Z = −6.8
p = .000

Binaural
Z = −4.8
p = .000

small affect on OLE. When comparing the stereo and
binaural conditions, it is seen that binaural processing
produces significantly lower ratings than stereo (Z = −4.8,
p = .000), although the difference in ratings is small (an
average of 0.2 stars).

Figure 4 presents a colour map of the OLE results grouped
by processing and basic item rating. This shows how basic
item ratings relate to item ratings for the different types
of processing. From the figure it is seen again that the
3.5 kHz low-pass processing has the largest impact on
ratings, with BIRs of five stars relating to an average IR
of 2.3 stars for this type of processing. In comparison,
the mono and binaural conditions both have IRs of 3.9
for five star BIRs.

Due to the different characteristics and production
techniques of the content, it is necessary to perform
analysis of the OLE data with respect to content. Of
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Figure 4: Colour map of average item ratings grouped by
processing and basic item rating.
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Figure 5: Relative frequencies of item ratings grouped by
processing and content group. L=live, P=pop.

particular interest is the comparison between the classical
and jazz items, which were live concerts captured with
a microphone array and spot microphones, and the
remaining popular items, which were studio sessions
captured with typical close microphone techniques only.
As can be seen in Figure 5, the rating order with respect
to processing is the same for each group. When comparing
the binaural and stereo conditions, the difference in mean
ratings between these is 0.25 stars for the live content
and 0.16 stars for the pop content. This suggests that
binaural processing had less of a negative impact on the
pop items than the live items, although this difference is
small.

Additionally, the OLE data was analysed with respect
to each content individually. For seven of the 10 items
the order of ratings with respect to processing was in line
with the averaged results presented above. For two of
the items (genres jazz trumpet and pop, see Table 1) the
mono condition was rated above the binaural condition.
For one item (indie) the binaural and stereo conditions
had equal mean ratings.

Analysis of Listener Type and OLE
The influence of quality and content on OLE can be
determined for each participant by calculating Kendall
rank correlation coefficients (Kendall’s τ) [24]. Kendall’s
τ is a non-parametric statistic used to measure the ordinal
association between two variables and results in a value
ranging from −1 to +1. A value of −1 indicates perfect
disagreement between the two variables, a value of 0
indicates that the two variables are independent and a
value of +1 indicates perfect agreement between the two
variables.

For each participant, Kendall’s τ was calculated from
the participant’s item ratings and basic item ratings
(τIR,BIR), item ratings and timbral quality level (τIR,T ),
item ratings and spatial quality level (τIR,S) and item
ratings and total quality level (τIR,Q). The value τIR,BIR
is therefore a measure of how much the content influenced
their OLE, τIR,T a measure of how much the timbral
quality influenced their OLE, τIR,S a measure of how
much the spatial quality influenced their OLE and τIR,Q
a measure of how much the combined total quality
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(a) Ratings from 26 participants whose OLE is
significantly influenced by total quality level.
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(b) Ratings from five participants whose OLE is
significantly influenced by spatial quality level.

Figure 6: Relative frequencies of item ratings grouped by
processing, content and listener group.

influenced their OLE. For τIR,T the timbral quality levels
were ordered as 3.5 kHz and stereo, for τIR,S the spatial
quality levels were ordered as mono and stereo and for
τIR,Q the total quality levels were ordered as 3.5 kHz,
mono and stereo. One requirement for Kendall’s τ
analysis is that there is a monotonic relationship between
the two variables. As such, it was decided to exclude the
binaural quality level from the analysis as this quality
level was not consistently rated between the mono and
stereo quality levels.

Five participants’ OLE ratings were significantly influ-
enced by the spatial quality level and 26 participants’ OLE
ratings were significantly influenced by the total quality
level. In order to evaluate whether these participants gave
different OLE ratings compared to the average, relative
frequency plots of OLE ratings are presented for each of
these groups of listeners, Figure 6. As with the OLE
ratings averaged over all participants, it is seen that
both listener groups rate the processing in the order of
stereo, binaural, mono and 3.5 kHz low-pass for both
groups of content. The difference in mean rating between
binaural and stereo is 0.46 stars for the group whose
OLE is significantly influenced by spatial quality level,
which is greater than the difference of 0.2 when using
all participants. In terms of the comparison between
the binaural and stereo conditions, it can therefore be

concluded that the binaural processed items gave a lower
OLE than the stereo items for those participants whose
OLE is significantly influenced by spatial quality level, as
well as for the participants as a whole.

Discussion
The influence of four processing conditions on OLE were
compared; 3.5 kHz low-pass filter, mono, binaural and
stereo. It was seen that all conditions have a statistically
significant influence on OLE. As expected, the 3.5 kHz
low-pass filter conditions were rated as having the largest
negative impact on OLE, with average ratings being 1.1
stars lower than for the stereo conditions. This result is
roughly inline with previous studies [6]. With regards to
the spatially processed conditions (mono and binaural),
the impact on OLE was seen to be much less pronounced.
The ratings for the mono conditions were on average 0.3
stars lower than the stereo conditions and the ratings
for the binaural conditions were on average 0.2 stars
lower than the stereo conditions. For mono processing
this is a slightly less pronounced influence on OLE than
previously presented results [8] where the difference was
closer to 0.5 stars. The slight difference in the two studies
may be due to the reproduction methods used as the
previous research presented stimuli over loudspeakers.
The stronger influence of timbral quality compared to
spatial quality on listening experience is coherent with
previous studies such as [25], however, a direct comparison
cannot be made as total bandwidth between the timbral
and spatial degradations were not matched in this study.

With regards to the specific research question of inves-
tigating the influence of binaural audio on OLE, it can
be concluded that for the stimuli and participants used,
binaural processing negatively influenced OLE in a small
but significant manner. This was the case for both the
live and studio groups of content, as well as for multiple
groups of participants; those whose OLE ratings were
significantly influenced by spatial audio quality, those
whose OLE ratings were significantly influenced by total
audio quality and the sample as a whole. As this study
was purely quantitative in nature, it is not possible to say
why the binaural content produced a lower OLE than the
stereo content. One possible explanation could be that
the binaural processing negatively influenced the timbral
properties of the content although further studies would
be needed to help develop insight into this. It should
be noted that despite the broad range of musical genres
used in this study, the content was still limited to audio
only, music items. Further studies could investigate the
OLE of binaural audio for other content types such as
drama and audio-visual stimuli, where the possible spatial
advantages offered by binaural processing could be more
noticeable. Furthermore, the binaural processing used was
non-personalised and static. Such binaural processing is
common in broadcast binaural content and the evaluation
of such processing is therefore valid, however, it would
be interesting to see how results compare for binaural
content with personalised HRTFs and head-tracking.
Types of headphones used by participants could also
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be an influencing factor on the results seen, although as
with the type of processing, in reality binaural content is
distributed to users with a range of headphone types.

Conclusion
In this study, the influence of binaural audio on overall
listening experience was investigated. A web-based study
with high external validity was conducted, which included
a range of musical items and participants with a range
of backgrounds. It was seen that binaural processing
negatively influenced OLE in a small but significant
manner for the stimuli used. Whereas it is not possible to
generalise this result to all types of binaural content, it is
likely than binaural processing as a whole only has a small
influence on OLE. Further research should expand on the
experiment presented here by assessing the influence of
binaural audio on OLE for a greater range of processing
techniques and content.
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Abstract

We present an interactive virtualization of audio scenes, such as concert situations. It enables the user to navigate
through the virtual scene. The user thereby controls the position and the head orientation of the virtual listener. Audio
signals are spatialized in realtime using a virtual Ambisonics approach for binaural headphone rendering. Scenes are
generated automatically using a simple text file, the SceneFile. Flexible parameters such as Ambisonics order, image
source order and HRTF set are used to adjust the application during runtime. The source code of the application can
be found online1.

Introduction
The playback perspective in a recorded piece of music used
to be static and not to be influenced by the listener. The
presented application enables new point of views inside
a set scene according to the preferences of the listener.
It is a browser-based implementation of the approach
followed by [1]. The referenced patent relates to the
method used for delivering an interactive and immersive
audio experience.

Recording and playback
Multichannel microphone arrays are used to obtain a
spatially sampled audio scene (cf. figure 1). Additionally,
spot microphones can be used to highlight certain
instruments. In contrast to a spot microphone, a
microphone array represents one point in the room rather
than an individual instrument. Hence, a higher density
of microphone arrays in a certain part of the room should
not lead to a higher sound intensity. Consequently,
for irregular spatial distributions of microphone arrays,
intensity normalization is necessary. During playback of
the virtual scene, microphone capsules become virtual
speakers facing in the opposite direction.

Figure 1: Recording an auditory scene using multichannel
microphone arrays as spatial sampling points.

1https://git.iem.at/thomasdeppisch/walkthrough

Audio processing using the Web
Audio API
The Web Audio Application Programming Interface2

(API) allows browser based modular audio processing.
Thereby, audio signals are routed through an audio
graph consisting of audio nodes which can be connected
arbitrarily. A source node such as the MediaElementAu-
dioSourceNode allows the integration of audio files. The
AudioDestinationNode connects the routing graph to the
audio hardware. There are several predefined audio nodes
such as GainNode, BiquadFilterNode, DelayNode and
ConvolverNode. A combination of SpatialListenerNode
and SpatialPannerNode allows basic spatialization but no
customization of settings such as the head-related transfer
function (HRTF) set, distance function and directivity
function.

Ambisonics
Ambisonics is a holophonic technique used to reproduce
a sound field [4, 5]. Solving the Helmholtz equation leads
to encoding and decoding equations (Eq. 1, 2).

~χN (t) = ~yN (~θ0)s(t) (1)

~sls(t) = D diag{~aN} ~χN (t) (2)

The vector ~yN holds the spherical harmonics evaluated
at the desired encoding position ~θ0. Multiplication of
the signal s(t) and ~yN results in the Ambisonics signal
~χN (t). For decoding a decoder matrix D is needed. D
can be obtained in several ways such as mode-matching
or sampling [6]. The quality of the results depend on
the combination of the decoder and the distribution of
the speakers. The vector ~aN can contain optimization
factors.

2https://www.w3.org/TR/webaudio/
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Web Audio API:

AudioContext

GainNode

DestinationNode

Audio Hardware

mirrorImager

sceneRotator

binDecoder

hrirLoader

MediaElementAudioSourceNode

SpatialListenerNode

sceneBuilder

orientation

ConvolverNode

SpatialPanner

monoEncoder

relativeDistance

DelayNode

GainNode

BiquadFilterNode

sceneFile.json

sofaHRTF.sofa.json

midiManager

Head-Tracker uiManager

Figure 2: Structure of the application and interaction with the Web Audio API.

JSAmbisonics
JSAmbisonics3 [3] is a JavaScript library for realtime
spatial audio processing using Ambisonics. It currently
allows fully periphonic (3D) Ambisonics encoding, de-
coding and processing up to 4th order. Internally it
uses the Web Audio API routing graph. Objects for
scene rotation and mirroring are included as well as
power and intensity analyzers. JSAmbisonics allows the
use of arbitrary SOFA4 (Spatially Oriented Format for
Acoustics) HRTF sets after they have been converted to
the JSON5 (JavaScript Object Notation) format.

Virtual Ambisonics approach
For binaural decoding a virtual Ambisonics approach
[7] is used. A regular distribution of virtual speakers
is placed inside the virtual room. For periphonic (3D)
Ambisonics a t-design [2] of degree t = 2N + 1 and
for planar (2D) Ambisonics a circular distribution of
2N + 2 speakers are used. Decoding of the encoded
Ambisonics signals ~χN (t) at the virtual speaker positions
~θq is achieved by multiplication with the decoding matrix
Dvls. The binaural signals (Eq. 3, 4) are obtained by
convolving the resulting virtual loudspeaker signals with
their position related HRIRs (temporal representative of
the HRTFs) and summing them up for each ear.

3https://github.com/polarch/JSAmbisonics
4https://www.sofaconventions.org/
5http://json.org/

sl(t) =

m∑

q=1

HRIRl,q(~θq) ∗ (~eT
q Dvls ~χN (t)) (3)

sr(t) =

m∑

q=1

HRIRr,q(~θq) ∗ (~eT
q Dvls ~χN (t)) (4)

Implementation
The application combines the modular routing of the
Web Audio API with the virtual Ambisonics approach
using JSAmbisonics (cf. figure 2). Audio processing is
done by Web Audio API audio nodes which allow fast
processing due to the underlying C++ implementation.
In the SceneFile properties of the virtual room as well
as the position and alignment of audio sources are
defined. By setting up parameters in the SceneFile
every audio source can get an individually adjusted
directivity and distance gain function. The calculation
for realtime spatialization is done in SpatialPanner
instances. Each SpatialPanner instance corresponds to
an audio track which is played back using a Web Audio
API MediaElementAudioSourceNode. The SpatialPanner
instances calculate the distance and angle from the virtual
listener to each audio source. From these results distance
gains, directivity gains and delays as well as encoding
and rotation angles are set to fit the current position
and orientation of the listener. The activation of mirror
image sources can be used to obtain a more natural room
perception. Image sources are lowpass filtered to simulate
high frequency absorption.
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Challenges and limits
For common personal computers the virtualization of
audio scenes containing many channels of audio and
consequently many virtual speakers can quickly become
computationally challenging. Especially the activation of
image sources increases the computational cost noticeably.
An underlying C++ implementation like in Web Audio
API audio nodes could improve the performance. Also,
integration of the code in AudioWorkerNodes which are
included in the recent Web Audio API working draft
(but not yet implemented in web browsers) could enhance
performance. A change of the processing block size to
achieve faster or more stable processing is not possible due
to regulations of the Web Audio API. If the application
is embedded into a website the limited download speed
can impair the user experience if a big amount of audio
data is loaded.
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Abstract

For the recording and reproduction of a complex, extended sound source (like ambience or choir), stereophony proves
to be the most efficient spatial reproduction technique available. In contrast to sound field reconstruction principles
like Ambisonics, a stereophonic reproduction can achieve high spatial quality with less effort, as even two loudspeaker
channels can be sufficient. This makes it – for this task – superior to imperfect sound field reconstruction principles
such as wavefield synthesis with excessive loudspeaker spacing, or Ambisonics of too low an order, both of which create
artifacts. Recording Ambisonics at a higher order is a problem, as no microphone system has yet been developed that
would be able to achieve spatial sampling in a satisfactory way and at the same time deliver the sound quality of a
studio microphone. Either the resolution of those arrays is too low (like with FOA microphones) or the hardware is
compromised due to the small space that every capsule can have. Therefore, First Order Ambisonics microphones are
frequently used, which can rather be interpreted as a stereophonic coincident microphone technique with low signal
separation. Caring for a better signal separation is mandatory, in particular in 3D Audio which reproduces one more
dimension of the sound field. Hence, good old stereophonic techniques with the laws of level and time differences
can create sufficient signal separation which can enable proper imaging and a good spatial quality. In the workshop,
various examples of stereophonic recordings will be presented. This will be done by showing the steps from traditional
2ch techniques to 5.1 and 9.1. Furthermore, techniques to use stereophonic methods for binaural and VR will be
demonstrated and compared with other techniques.
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Sound Design in 3D for Dance Music 
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Silent Work LLC, Switzerland, Email: lasse.nipkow@silentwork.com 

 
 

Abstract 
Producers of Dance Music pursue the target to put nightclub audiences into trance by monotonous rhythm, very low basses, 
and well-chosen samples of instruments and vocals. 3D audio includes a high potential to increase sound impressions 
significantly and engage the emotions, as is the case in film sound. 

3D audio allows to create spectacular spatiality and sound sources around the listener. There are however several challenges: 
low frequencies cover high frequencies in particular at high volumes, and frequencies below 80Hz cannot be localized. 
Therefore, the cocktail party effect does not work well in this context. Clubbers on the dance floor are not oriented in the 
same way as listeners of classical music in the concert hall because they are dancing, and DJs sometimes are placed in the 
middle of the venue. This kind of music consumption differs from usual music listening, and producers of Dance Music have 
to consider that. PA systems of music clubs are nearly exclusively designed for mono and stereo reproduction. Therefore, the 
impact by changing to a 3D audio system is significant. Producers of Dance Music are especially challenged to use the new 
possibilities while creating a music track. 

The possibilities of musical design in consideration of psychoacoustic phenomena will be examined. Impressive sound 
worlds will be built by uncorrelated multi channel sounds, which will change slowly but steadily and will be used for all 
loudspeakers of the 3D setup. Furthermore, rhythm and other sounds with strong high-frequency components will be used to 
prevail against the low-frequency sounds. 

 

1. Introduction 
A special feature of 3D audio is the ability to thrill listeners 
emotionally through impressive soundscapes. This article 
examines the use of psychoacoustics in the production of 
Dance Music in 3D, in order to produce corresponding 
sound landscapes. A special challenge is presented by low 
frequencies, which mask middle and high frequencies at 
high levels, as shown in Figure 1 [1].  

 

Figure 1: Low frequencies mask middle and high frequencies very 
strongly: the auditory masking threshold for different strains of 
disturbance tones a) at 200Hz and b) at 800Hz.  

Low frequencies are an important part of Dance Music. They 
are reflected in closed rooms at the boundary surfaces almost 
without attenuation, and are amplified by the room modes, 
too. Ways must be found to increase the transparency of 

sounds in order to enable the audibility of the important 
components of the music. 

2. Applied psychoacoustics for 3D audio 
3D audio is a bigger challenge for the production of music 
than stereo, due to the much higher complexity of the 
involved auditory phenomena. The cocktail party effect 
leads to a much higher transparency of 3D mixes than of 
comparable stereo mixes. Like this, the challenge described 
above with respect to low frequencies can be overcome. On 
the other hand, producers of synthetic music are required to 
work very precisely in order to avoid artifacts of signal 
processes or audible cuts of vocal recordings, for example. 

The following chapters discuss the most important aspects of 
psychoacoustics in 3D audio for an Auro 3D 9.0 speaker 
setup.  

2.1. The image of sound sources 
The image of sound sources serves in particular to make 
several sound sources audible next to each other and 
simultaneously transparent. If sound sources are reproduced 
from the same direction, they can mask each other; this 
results in a reduced transparency [2]. If two sound sources 
e.g. two microphone signals are reproduced from the same 
bass drum simultaneously and from the same direction, they 
are merged into a single sound source [3]. Sound sources 
with high frequency components are more easily and more 
precisely localized than those with only low and middle 
frequencies [2].  
 
2.1.1. The image by real sound sources 
If an audio signal is reproduced from a single loudspeaker, 
this corresponds to a real sound source. These have the 
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property of always being localized from where they are 
positioned. If only real sound sources are used in a sound-
reinforcement situation, this results in a maximum possible 
sweet spot with respect to the image. It does not matter 
where the listener is in the room. 
2.1.2. The image by phantom sources 
Phantom sources are created by the interaction of several 
loudspeakers, which reproduce coherent or partially coherent 
signals. Phantom sources appear between the loudspeakers 
involved. Compared to real sound sources, they are 
perceived at different positions between the loudspeakers 
depending on the position of the listener. In the case of two 
loudspeakers and identical signals, the listener will perceive 
the phantom source independently of his or her position 
exactly in front of him or her, see Figure 2. 

 

Figure 2: In the case of two loudspeakers and identical signals, the 
listener will perceive the phantom source independently of his or 
her position exactly in front of him or her. In this figure three 
different positions of the same listener are shown. The speaker 
signals are the same in each case. 

 

 

Figure 3a: Phantom sources occur between speakers, which repro-
duce coherent signals. Phantom sources have a significant width. In 
case of a signal with powerful high frequency components and 
spread in just one dimension the width is relatively small. 

In contrast to real sound sources, phantom sources have a 
significant width. The width of the phantom source depends 
on the reproduced signals of the loudspeakers and, among 
other things, on their spectra. Frequency components below 
500Hz lead to a large width of the phantom source in this 
range because the localization stimuli selection doesn’t work 

anymore [4]. Signals with a correlation of 1 have a smaller 
width than signals with a lower correlation [2]. If more than 
two loudspeakers are used for the generation of phantom 
sources, a phantom source with an even greater width occurs 
if they are not positioned on the connection line of the two 
outer loudspeakers. The following two diagrams show 
different cases [5], see Figure 3a and 3b. If a phantom 
source is generated so that the loudspeakers, figuratively, 
produce a projection between front and rear (e.g. L-R + LS-
RS) or cross the listener in their connecting line (e.g. L + 
RS), a sound field with a contradictory image occurs: the 
phantom source is simultaneously localized everywhere and 
nowhere [5], see Figure 4. 

 

Figure 3b: Phantom sources occur also if more than two speakers 
are involved for reproduction of coherent signals. If two geometric 
dimensions are used to create a phantom source, its width increases.  

 

 

Figure 4: If a phantom source is generated so that the loud-
speakers, figuratively, produce a projection between front and rear 
by using all speakers in the corners, a sound field with a 
contradictory image occurs: the phantom source is simultaneously 
localized everywhere and nowhere; the result sounds very unnatural 
in case of noise-like sounds. 

Phantom sources can be perceived by the listener as stable 
only in the front and rear, due to the arrangement of the 
external ears. Lateral phantom sources jump forward or 
backward depending on the position of the listener's head 
[6]. 
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2.2. The cocktail party effect 
The cocktail party effect is a psychoacoustic phenomenon, 
which describes the ability of a listener to selectively 
perceive sound sources from different positions in the room. 
This leads to an increased transparency within mixes, in 
which sound sources are spatially allocated, compared to 
stereo. Thus, with 3D audio, complex sound structures can 
be realized, which would be severely impaired in their 
audibility in stereo due to a too high density of sounds. 
2.2.1. Perception of spatially allocated sound sources 
In the simplest case, individual loudspeakers of an Auro 3D 
speaker setup are used for the spatial allocation of sound 
sources in order to generate real sound sources. This results 
in a strong spatial separation of the individual sound sources 
due to their small width, and thus a pronounced transparency 
occurs. 

The transparency remains the same when stereo pairs of the 
four corners are created and sounds are imaged from the 
bottom to the top or vice versa, see Figure 5. The special 
feature of this type of sound-reinforcement is that acoustical 
instruments sound more natural than when reproduced by 
only one loudspeaker. For synthetic sounds the description 
'more impressive' rather than 'more natural' is more appro-
priate. With certain reservations this phenomenon also 
applies to mono sounds, which are assigned to two loud-
speakers above each other. 

 

Figure 5: If stereo pairs of the four corners are created and sounds 
are imaged from the bottom to the top or vice versa, a strong spatial 
separation of the individual sound sources will be achieved. The 
transparency of a mix remains the same as if real sound sources 
were used for a surround sound reproduction. 

For stereophonic reproduction of sounds, care must be taken 
as to which channel might have a higher proportion of high 
frequencies. If this channel is assigned below, the sound will 
be located below, which corresponds to a stage playback. 
For a better transparency, the channel with a higher propor-
tion of high frequencies shall be assigned to the upper loud-
speaker. 

2.2.2. Direct sound from all speakers: 'Atmo' 
Sounds that seem to come from anywhere represent a very 
spectacular element. This corresponds to the sound layer 
Atmo in the film soundtrack: often these are on the one hand 
relatively short-lasting, bright sounds, such as birds, distant 

voices or similar, and, on the other hand, continuous ambient 
noises such as the quiet babbling of a river or traffic noise 
from afar. 

For Dance Music, light drum sounds, such as, for example, 
cymbals and rhythmic hissing are used and are preferably 
reproduced from the upper loudspeaker layer. This gives the 
music more fine structure and an increased attention of the 
listener. 

Furthermore, effects can be produced effectively with the 
vocals by reproducing them from different directions: effects 
originating from the main vocals, backing vocals, wordless 
sounds of the voice, whispered texts, etc. 

2.2.3. Simplified perceptibility of the musical interplay 
If instruments are spatially separated from each another, the 
arrangement of a piece can be perceived in a more 
differentiated way: individual sounds are thus not only better 
audible but also easier to understand musically. Thus, two 
successive similar melodies of the same sounds, which 
originate from opposite directions, are interpreted as 
question-answer play by the listener; this is not necessarily 
the case when playing from the same direction. 

If different sounds instead of similar sounds are reproduced 
from different directions, this corresponds to different 
instruments instead of the same ones. On the other hand, 
identical signals reproduced from different directions lead to 
phantom sources that can not be localized if intersecting the 
listener in their connecting line, see chapter 2.1.2. This leads 
to an unnatural sound in case of noise-like sounds. 

2.2.4. Instruments from the front: 'Stage Sounds' 
From stereo reproducing and live concerts listeners are used 
to hear musical instruments from the front, this means from 
the place of a stage. Therefore, it makes sense to build an 
acoustic relation to the lower front speakers. For sampled 
synthetic music this works best by using the direct sound of 
the instruments such as bass drum, snare drum, vocals, and 
sampled instruments. If these instruments and sounds are 
reproduced from behind, this usually has a confusing effect 
on the listener and can lead to discomfort or even nausea in 
case of very high sound pressure levels. 

2.2.5. Differentiated perceptible room sound 
If room sound is reproduced from different directions, it is 
perceived better in contrast to the direct sound, which in the 
case of music recordings in rooms is essentially coming 
from the front. This is because a large part of the room 
sound is not being covered by the direct sound coming from 
the same direction, see Figure 6. 

For the same reason, caution is also required: artifacts of a 
simple digital reverberator or plugin are more audible. As an 
alternative to reverberators, it is also possible to record 
acoustic instruments in real rooms and to make a strong 
distinction between direct and room sound by suitable 
microphone systems [7]. Such room signals from 
acoustically well-suited rooms sound higher-quality than 
comparable signals from plugins in most cases. 
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Figure 6: Sound concept for speaker signals of an Auro 3D setup 
for classical music. If room sound is reproduced from different 
directions, it is perceived better in contrast to the direct sound, 
which in the case of music recordings in rooms is essentially 
coming from the front. This is because a large part of the room 
sound is not covered by the direct sound coming from the same 
direction. 

2.3. Envelopment 
If all loudspeakers reproduce uncorrelated late reverberation, 
this leads to a feeling of envelopment. The listener has the 
impression of being in the recording room [7]. The perceived 
amount of envelopment is strongly dependent on the 
correlation of the signals: a correlation around 0 with 
reasonable signal selection results in a very impressive 
listening experience. On the other hand, a correlation of 1, 
this means all loudspeaker signals are identical, leads to an 
unpleasant, unnaturally effective auditory event in most 
cases. When playing room sound and similar sounds such as 
atmospheric pads, consider that these sounds shall not 
contain impulse noises; otherwise they attract the listener's 
attention. 

2.3.1. Pad sounds 
Some synthetic sounds have similarities to reverberation: 
pad sounds, string pads, and noise-like sounds. If such 
sounds are reproduced through an Auro 3D speaker setup, 
this usually results in a very impressive envelopment. In 
other words, an audible connection is established between 
the adjacent loudspeakers, so that the individual loud-
speakers themselves can no longer be located. If several such 
sounds are heard in stereo, they can hardly be distinguished 
from each another due to their similar sound [8]. 

When reproducing pad sounds by several loudspeakers, a 
delay of 150ms between the signals is possible, depending 
on the nature of the instruments and musical content, without 
affecting the effect of envelopment. Disturbing echoes occur 
when larger delays are used [9]. This method can be used to 
create 3D pad sounds from corresponding stereo pad sounds 
relatively easy. For this purpose, four stereo pairs with a 
delay of approximately 50ms between each another are used, 
see Figure 7. 

It should be noted that pad sounds have a masking effect. 
The denser the structure of pad sounds, the stronger the 
masking effect. It is therefore recommended not to use pad 

sounds permanently in a track, but as a special element of 
the arrangement. 

 

Figure 7: When reproducing the same (identical) stereo pad sounds 
without impulse-like components by several loudspeakers, a delay 
of 50ms between the stereo signals can be used to archive an 
impressive envelopment effect. The signals with the longest delay 
should be used for the rear speakers to avoid any first wave fronts 
from the back. 

2.3.2. Room sound balance 
When using room signals and pad sounds, ensure that the 
levels of all associated sounds are approximately equal. In 
order to maximize the envelope effect, the balance between 
front and rear must be even, see Figure 8. 

 
Figure 8: In order to maximize the envelope effect, the balance of 
room sound between the front and rear must be even. The more 
room sound is reproduced by the rear speakers, the more the 
audible connection between the front and rear decreases. If no room 
sound is reproduced from the front, two completely different 
auditory events occur. 
On the other hand, the levels between the upper and lower 
speakers can vary. This can be used to enhance the audibility 
of other sounds. In this case, the levels of the pad sounds are 
to be modified in such a way that they are reduced in those 
loudspeakers where the transparency of other sounds is to be 
increased, see Figure 9. 

Note: room sound and pad sounds are much more difficult to 
locate than sounds with a high proportion of direct sound 
and high frequencies. Therefore, pad sounds can easily be 
reproduced in high proportion by the upper loudspeakers 
without impacting negatively. 

The fine structure of the direct sound is impaired by room 
sound. If a high transparency of the body of sound is to be 

Workshops Nipkow

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

185



achieved, a spatial overlap of direct sound and room sound 
from the same direction must be avoided. 

 

Figure 9: The levels of room sound between the upper and lower 
speakers can vary. This can be used to enhance the audibility of 
other sounds. In the case shown, the levels of the pad sounds are 
reduced in the lower front speakers to increase the transparency of 
stage sounds as a main vocal. 

2.3.3. Bass sounds 
Low frequencies below 200Hz, which are reproduced 
uncorrelated by all loudspeakers of a 3D setup, give an 
impression of envelopment [10]. This type of envelopment 
differs from that of the pad sounds. It is that range of the 
spectrum that transitions into the tactile region [11]. Since 
low frequencies have a masking effect, care must be taken 
not to use these sounds permanently within a song; this 
would have a negative effect on the transparency of the 
music. Conversely, such low frequencies should be used for 
a strong musical foundation. 

2.4. Sense of depth 
3D audio speaker setups such as Auro 3D and Dolby Atmos 
are stereo compatible, if they provide two speakers at the 
appropriate positions in the room. Thus sense of depth can 
be created in a proven way. 

Room signals with strong sound coloration are required for a 
pronounced depth effect in stereo. Frontal early reflections 
are particularly suitable for this purpose [9]. These can be 
captured in two ways: by a main microphone, which 
reproduces the actual perceived distance in the recording 
room, or a spot microphone, which is positioned in the 
opposite direction to the main axis of the sound source. The 
radiation characteristic of the sound source should be as 
distinct as possible in order to avoid its own direct sound [3]. 
The use of convolution reverb plugins with high-quality 
impulse responses is most suitable for synthetic sounds and 
samples. 

2.4.1. Sense of depth for vocals 
The sense of depth can be used in Pop and Dance Music in 
3D in an attractive way especially for vocals, since these are 
at the center of the attention of the listener. In order to 
produce the most pronounced effect, the main vocals are to 
be represented at a minimal distance, for example, while 

further vocals, e.g. backing vocals can be reproduced with a 
comparatively large distance, see Figure 10. 

 

Figure 10: Created sense of depth of the singer Leslie Koller like a 
photograph created by several levels of depth. Analogously, such a 
sense of depth can be created in stereo by recording the vocals 
several times: one time by using a spot microphone in front of her 
for the main vocals and afterwards by using a main microphone at a 
distance of 5m for the backing vocals. 

2.4.2. Avoidance of sense of depth for vocals 
If the direct and room sound of the vocals are spatially 
separated from each other, this means reproduced from the 
center channel or as a phantom source, and the room sound 
appears as uncorrelated signals from the left and right 
speaker, the concerned vocals do not have a pronounced 
sense of depth but an auditory event with a minimal distance 
impression and a pronounced fine structure. This is 
especially useful for Pop vocals. Early reflections from the 
center channel should be avoided as much as possible. 

2.5. Divergence 
Divergence describes the scale to which a loudspeaker signal 
is delimited by its neighboring loudspeakers [12]. Diver-
gence is used so that the center channel does not stick out 
unpleasantly as a real sound source towards the phantom 
sources. If, for example, a center signal is also added to the 
left and right speaker at low level, a phantom source L-R 
with the above-described width occurs in addition to the real 
sound source ‘center’ C. Divergence realized by phantom 
sources, however, leads to image errors for listeners outside 
the stereo axis at higher divergence levels. The image shifts 
to the side on which the listener is located. 

2.5.1. Divergence by early reflections and reverberation 
In order to avoid image errors, uncorrelated early reflections 
can be used for the adjacent loudspeakers instead of direct 
sound. In Pop and Dance Music, however, this has a 
considerable disadvantage: the concerned sound or voice 
suffers an increasing distance impression by increasing 
divergence. If, on the other hand, reverberation without early 
reflections is used, a small amount of divergence can be 
achieved without masking the voice by reverberation. 

2.5.2. Divergence for vocals 
If the above-described properties ‘image error’ and ‘sense of 
depth’ are to be avoided, a different approach for divergence 
must be chosen: direct sound with weak correlation between 
C and L / R / HL / HR. Thus, divergence can be obtained at 
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a high sound level. Especially for lead vocals, it is important 
that they are located at the position of the center speaker and 
do not give any impression of distance. The condition ‘direct 
sound’ can only be realized by capturing the vocals by 
microphones in the immediate vicinity of the singer. A weak 
correlation can be achieved, in particular, by differences in 
the spectrum. 

 

Figure 11: A microphone system for a singer to increase the 
divergence of the voice. The microphones are arranged in a similar 
way as the corresponding Auro 3D speaker setup in the front. The 
‘main’ vocal microphone in the middle of the system, which is used 
for the center channel signal, captures much more power of high 
frequencies. The signals C and L / R / HL / HR are uncorrelated 
due to the dispersion behavior of the singer’s voice. 

If additional microphones are arranged next to and above the 
‘main’ vocal microphone so that they lie outside the main 
axis of the singer, suitable signals can be captured, see 
Figure 11. The correlation between C and L is around zero 
for frequencies above 1kHz, and the correlation between L 
and R is about 0,5..0,9 above 2kHz and 0..0,8 above 4kHz. 

 

 

Figure 12a+b: The signals of the three lower microphones are 
shown. The upper graphic shows envelope curves, which are 
slightly different. The closer look at the waveforms in the lower 
graphic shows big differences between the ‘main’ vocal micro-
phone, which contains much more powerful high frequencies. 

The high frequencies of the sound source are far less 
pronounced outside the main axis. The signals are very 
similar due to the small distance to the mouth but are not 

identical due to the spectral differences, see Figure 12. In 
addition, the microphone signals contain almost no early 
reflections. In order to ensure the image of the vocals to 
come from the direction of the center speaker, the diver-
gence signals L, R, HL, and HR must be delayed approx. 
5..10ms. 

2.6. Sweet Spot 
As described in chapter 2.1.1., the sweet spot can be 
expanded with regard to the image by the use of real sound 
sources instead of phantom sources. It should be noted that 
the mix is changing depending on the position of the listener. 
In the case of a stereo mix, the listener can move along the 
stereo axis, without hearing a change of the mix of the 
production. When the listener increases the distance to the 
speakers, only the acoustics of the reproduction room 
appears more strongly.  

In the case of a 3D audio production, the levels of the 
individual real sound sources are shifted depending on the 
position of the listener. If certain level ratios shall remain the 
same throughout the reproduction room, they must be 
reproduced from the same direction, see Figure 13. It should 
also be noted that reproduction from exactly the same 
direction could lead to fusing and masking effects [2]. 

 

Figure 13: This graphic shows three different cases of two real 
sound sources in a reproduction situation. If two sound sources are 
placed at different positions in the room with large distances to 
each other, listeners at different positions hear different sound 
pressure levels of the sources. The distances to both sound sources 
vary and therefore, the sound pressure levels vary, too. If the 
distance between the sound sources is smaller, the level difference 
in the room is smaller, too. If the real sound sources are at the same 
position (the same speaker), the reproduction is mono: no sound 
pressure level differences occur in the room anymore. 

2.7. Moving phantom sources 
Moving phantom sources lead to increased attention 
compared to non-moving phantom sources [13]. In principle, 
two types of movements are to be distinguished: pronounced 
movements of phantom sources through the reproduction 
room and movements within the width of a phantom source. 

2.7.1. Pronounced movements of phantom sources 
through the reproduction room 
Moving a sound source from front to back in an Auro 3D 
speaker setup attracts attention and is therefore easier to 
perceive than static phantom sources that are reproduced at 
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the same time. This is similar to moving visible objects 
against a background [14]. 

The maximum attention is obtained when the background 
sound does not move and the object clearly stands out from 
the background due to its signal characteristics. Matching 
analogy to photography: a sharp object with strong contours 
stands out very strongly from a blurred background. 

In addition, the more sound sources are moved in the room 
simultaneously, the less the individual sound sources attract 
the attention. This can be explained by the fact that several 
sound sources torpedo the increased attention to each other, 
and in that case it is harder for the listener to focus on a 
single sound source. 

Even if no sound sources of a static background are moving, 
the background can be noticeable by the choice of the 
sounds, thus reducing the contrast between the moving 
sound sources and the background. This is true when using 
Atmo sounds as a background sound as described in chapter 
2.2.2. 

A special case occurs when the entire sound perspective is 
moved. This may be realized by a rotatable 3D main 
microphone system and has a completely different effect: 
during the movement, the listeners can only orientate 
themselves with difficulty on the basis of the existing sound 
sources; there are no visible components that confirm the 
present motion of the entire auditory scene. The listeners can 
therefore reorient themselves only after the movement has 
ended. 

2.7.2. Movements within the width of phantom sources 
Two identical signals are needed to reproduce a mono 
phantom source from two speakers. If the signals deviate 
slightly from each other by reducing the degree of 
correlation, the width of the phantom source increases [2]. If 
the deviation is modulated, the width changes over time, 
resulting in a movement in the sound. If the movement of the 
middle and high frequencies is carried out irregularly, the 
resulting sound appears lively [2]. 

As described in chapter 2.1.2., the width of phantom sources 
depends on their spectra. If used sounds are overlaid with 
other sounds over time and thus their spectra are changed, 
the width of the phantom sources also changes at the same 
time. If the level of a phantom source is raised, low 
frequencies occur due to the curves of the same loudness and 
lead to an increased width [2]. There is therefore a large 
scope for the design of moving phantom sources. 

2.8. Sensed pressure of a music track depending 
on the position of the involved sound sources 
For stereo productions of Dance Music, bass drum, bass 
sounds, and snare drum are often mixed mono in the position 
of the center speaker in order to increase the perceived 
pressure of a music track. If the track is predominantly 
composed of drum sounds, the correlation takes on a value 
close to 1, and the entire track sounds almost mono. 

If the sounds of a 3D production are evenly assigned to all 
speakers of an Auro 3D speaker setup, the music track will 
usually sound highly spatially pronounced but at the same 
time much less powerful. The pressure can be ensured in a 
simple way by reproducing all the drum sounds in the front 
(L-C-R) and allocating the same sounds to the other speakers 
simultaneously. Although partially contradictory phantom 
sources would have to arise like this, the increased pressure 
and the additional drum sounds from different directions are 
perceptible. The author presumed that the reason for this 
phenomenon are the short duration of the individual sounds 
and the fact that the bright drum sounds used for the mix 
have a correlation of less than 1 (no mono sounds). 

3. Conception of 3D sound layers 
Dance Music is characterized by monotonous rhythms, 
pronounced bass sounds and selected samples of instruments 
and voices. A special characteristic of many subgroups of 
this music lies in the slow, steady development, which takes 
place in the course of a track. This means that over a certain 
period of time several sound layers come into play. The 
following chapters will discuss this in more detail. 

3.1. 3D pad sounds 
Pad sounds are ideal for underlaying quiet parts of a Dance 
Music track. Since especially dense sound structures have a 
very strong masking effect, the use in combination with 
drum sounds and voices requires caution. 

3.1.1. Creation of 3D sound layers 
3D pad sounds give the listener the feeling of being in the 
middle of the action and being surrounded by a sound carpet. 
For this purpose, uncorrelated signals are used for all eight 
corner loudspeakers. Conventional synthesizers and samp-
lers are designed for the production of sounds in stereo only. 
As a result, you cannot create 3D pad sounds on the fly. 

An obvious possibility would be duplicating the stereo track 
of a sound and using four stereo tracks for the eight 
speakers. However, this is not sufficient since, in this case, 
all signals on the left or right side would be identical. If, 
however, the four stereo tracks are delayed as described in 
chapter 2.3.1., the correlation between all channels is 
brought to zero. 

3.1.2. Combination of 3D pad sounds 
Several 3D pad sounds can be superimposed for a Dance 
Music track. If the levels of the individual 3D pad sounds are 
slowly raised or lowered, the nature of the resulting sound 
changes. In this way, the above-described musical develop-
ment can be achieved. 

The level of the eight channels can also be varied unevenly 
instead of changing them all simultaneously. Thus, 
movements in the sound can be realized and musical patterns 
can be created. 

3.1.3. Movements within pad sounds 
Instead of varying the levels of 3D pad sounds, noisy sounds 
can be moved within the 3D space. It is recommended to use 
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stereo sounds, so that they do not appear negatively as 
moving mono sounds in the sound structure. 

3.2. 3D bass sounds 
As described in chapter 2.3.3., low-frequency bass sounds 
from all directions also lead to the feeling of envelopment. It 
is more complex to create uncorrelated 3D bass sounds than 
3D pad sounds, since the use of delays for sine-like signals 
hardly shows any effect. The overtones of bass sounds as 
well as the envelope curve of the fundamental tones can be 
varied to get uncorrelated signals, see chapter 2.5.2. 

3.3. 3D drum sounds 
Drum sounds can be divided into several categories. The 
foundation are bass drum and snare drum, which should be 
reproduced from the lower front to ensure the pressure of the 
music. Hi Hat, Crash and Toms should also be reproduced 
from the front because those sounds are dominant. Fine 
drum sounds such as ride cymbals or other sounds in the 
high-frequency range should preferably be assigned to the 
upper loudspeakers in order to give the music more fine 
structure. These recommendations are, of course, to be 
understood in general terms - the exception proves the rule! 

3.4. 3D effects (Atmo) 
All kinds of musical creative ideas can be implemented with 
3D effects. Broader recommendations from the author would 
go beyond this framework. In general, it should be borne in 
mind that Atmo sounds should be made by phantom sources 
with a small width or even real sound sources. Particularly 
suitable for this purpose are sounds with a high proportion of 
high frequencies that can penetrate deep frequencies and pad 
sounds. 

4. Public address systems in clubs 
3D Audio speaker setups are usually set up in rooms. The 
acoustics of the reproduction room is essential for an optimal 
playback of music. Especially for Dance Music a long 
reverberation time at low frequencies is to be avoided. 
Otherwise, the nuances of the 3D mixture are completely 
covered by room sound. The room cannot be completely 
acoustically dry; otherwise, the sound reproduction decays 
and the listeners only perceive those speakers that are closest 
to them. 

Apart from their potential described above, 3D audio 
loudspeaker setups have the advantage of distributing the 
sound pressure level among many loudspeakers. As a result, 
the energy is distributed more homogeneously in rooms so 
that the positions immediately in front of the speakers are 
more bearable to the audience than in the case of a playback 
system with few loudspeakers. 

5. Conclusions 
3D audio offers a wide range of possibilities for the design 
of a Dance Music production with regard to applied psycho-
acoustics. Even if some challenges such as masking by low 

frequencies as well as pad sounds are to be taken in 
consideration, very impressive sound experiences can be 
achieved. The central element is the skillful design of 
various 3D sound layers of a Dance Music track, which are 
connected musically. 
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Abstract

We all know, technology can help to get sound-creations on the next level, like 3D-audio as an example. But mostly
settled in very exclusive surroundings like sound installations, special screenings and art, or slaved to visual content,
we are interested in how spatial-audio productions can pick up contexts of pop culture, advertising and actual internet
trends and can be an entertainment format standing for itself. We present a couple of modern 3D-audio pieces natively
produced in an Ambisonics studio, which works from a show event in 3D-audio to a youtube music video in binaural
sound. The aim is to produce content that is up to date and easily adoptable to all consumer formats. In this workshop
we will give some insights in our production setup and share our thoughts and inspirations.

Introduction
Creating content in spatial-audio formats is challenging.
In terms of creative choices sound designers, musicians
and mixing engineers are now facing a growing number
of possibilities in the creation process. If one wants to
immerse an audience by telling an exciting story will
maybe be distracted by that same technical process, that
in the end should be just a tool to reach that goal. Our
focus clearly is on the content itself and its distribution
to the audience on every possible platform.

From our point of view two important questions have
derived:

• Is it possible to creatively use spatial-audio as a
distribution form that stands for itself in modern
pop culture and produce content that has been
natively created and composed in using spatial-
audio technology and tools?

• Which is the best intermediate format in spatial-
audio that fits this purpose best and will be the
choice for the future as well?

Creative & collaborative workflow
Most of today’s spatial-audio mixes are arrangements of
existing stereo audio, or slaved to visual content which
gives the direction of sound, like movies or video games.
Spatial audio technology is mainly used for mixing, not
during the creation per se. We want to implement
spatialization as part of the creative process and
artistic performance in order to explore and develop
new forms of artistic expression.

To reach this goal we suggest the following methods in
principle:

• An open intermediate format that allows easy
sharing of ideas between artists in collabora-
tive workflows without the need for metadata
or automation conversion.

• A production platform that can be easily
connected to all kinds of controller devices (as
shown in Fig. 1) per MIDI or OSC protocol.

• Offline rendering to all common speaker
based audio formats should be possible in
standard PCM Wave.

Considering this demands there are currently not many
options available. Due to the above mentioned need for an
open intermediate format one would find oneself in using
HOA (Higher Order Ambisonics) or maybe in the future
with SPS (Spatial PCM Sampling) [1] which is, at the
moment, lacking of practical implementations available
to all creatives.

Our choice for an appropriate DAW that can adopt to
all these workflow methods and demands is REAPER
from Cockos. But of course there are other important
tools that can support this approach and can be used in
combination for live performances, sound post-production
and music composing:

• Ableton Live

• Cycling74‘s Max/MSP

• Puredata

• Plogue Bidule

• Audiomulch

• Steinberg Nuendo

• Avid Protools
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Figure 1: Spatial-audio live performance setup with multiple
controller devices connected to a WFS renderer per MIDI and
OSC.

HOA production setup
Our production workflow is based on 3rd and 5th order
Ambisonics for best cpu-performance and sound quality
ratio in Reaper DAW.

Loudspeaker based rendering and HRTF rendering [2]
with headtracking [3] is implemented with 5th order
AmbiX decoder-plugin by M. Kronlachner using optimized
decoder matrices [4] on the 4+5+1 (E) loudspeaker layout
based on ITU-R BS.2051 [5].

Encoding is done with the O3A plugin-suite by R. Furse
http://www.blueripplesound.com/pro-audio-home

and AmbiX plugin-suite by M. Kronlachner
http://www.matthiaskronlachner.com/?p=2015.

References
[1] Farina, A., C., Amendola, A., Chiesi, L., Caprai,

A., Campanini, S. “Spatial PCM Sampling: A new
method for sound recording and playback,” in AES
52nd International Conference , Guildford, 2013.

[2] Pike, C., Romanov, M., “An impulse response dataset
for dynamic data-based auralisation of advanced sound
systems,” in 142nd AES Convention, Berlin, 2017.

[3] Romanov, M., Berghold, P., Rudrich, D., Zaun-
schirm, M., Frank, M., and Zotter, F., “Implementa-
tion and Evaluation of a Low-cost Head-tracker for
Binaural Synthesis,” in 142nd AES Convention, Berlin,
2017.

[4] Romanov, M., Frank, M., Zotter, F., and Nixon, T.,
“Manipulations improving amplitude panning on small
standard loudspeaker arrangements for surround with
height,” in 29th Tonmeistertagung, Köln, 2016.
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Abstract 
The late piano work of Johannes Brahms, very intimate and brittle, has been recorded and mixed in 13.1 in a way, that the sound supports 
these qualities of the music. The listener is almost getting the sound impression of the players’ perspective, in this case Bernd Grill. 
Christian Vaida, the producer of the record and owner of cvmusic film/ton, shares his experiences with this recording: choosing the 
instrument, the listening format, monitor speakers, 3D monitoring rig, microphones and preamps, miking, mixing in 13.1 and, of course, 
there is a demo of the final mix and a comparison between 13.1, 11.1, 9.1, 7.1, 5.1 and stereo. 
Also, after several experiments with different stereophonic 3D arrays, Christian Vaida presents his proposal for such a system, the au3Dio 
microphone array. 
 

Introduction 
I’m the owner of the recording studio cvmusic film/ton, 
established in 1999. In 2015 I converted my studio into a 3D 
studio and conceived the brand name au3Dio for 3D 
services, built a 3D-rig which can handle all channel based 
standards up to NHK 22.2, installed the then apparently most 
promising format 13.1 and tried all kinds of recordings with 
different stereophonic 3D arrays.  
The pianist Bernd Grill wanted to record a CD and I asked 
him for a cooperation to produce the album also in 3D audio. 
This paper is about all the aspects of the album and in the 
second part about the au3Dio microphone array, which I 
developed recently. 
 
The terminology 
The terminology is not standardized, so I must explain some 
confusing terms. Firstly I use the channel naming and 
labelling of NHK 22.2 as used in the following document on 
page 4: http://www.nhk.or.jp/strl/publica/bt/en/fe0045-6.pdf 
because they have all the channels that the smaller channel 
based formats also have. Some angles are different, but the 
the channels’ positions are mostly clear. When I talk about 
front left and right I mean the two speakers in the middle 
layer at ± 30°. NHK named the speakers at ± 30° front left 
center and front right center while their front left and front 
right are at ±60°. That’s a little confusing, but otherwise 
their naming is clear. 
Formats and layers 
Dolby Atmos has two layers, a channel based 7.1 bed and a 
layer for audio objects. Auro 3D has three layers (middle, 
height and top (voice of god)) and NHK 22.2 has four layers 
(lower, middle, upper and the top center which, although 
higher than the upper layer, is declared as part of it). 
When I talk about the top layer I mean Auro’s height and 
NHK’s upper layer. In Dolby Atmos this layer must be 
embedded as audio objects at the corresponding positions.  

The instrument 
Right after the musician, the instrument is the second most 
important factor of a recording. The author tested hundreds 
of instruments, recorded 55 of them always with a similar 
microphone position and the same song and chose it in a 
blind test. The best grand pianos in my opinion (I’m a piano 

player myself), are by Fazioli, no matter which model. This 
brand builds the highest possible quality, but also at the 
highest prices. Most other pianos don’t come even close, but 
very surprisingly the 218 concert grand from Wendl & Lung 
(Figure 1) in Vienna, now Feurich, was in the ballpark and 
sounded just great, especially considering its relatively low 
price. 

 

Figure 1: Christian Vaida checking different 3D setups with his 
Wendl & Lung 218 concert grand at cvmusic film/ton. 

 

The listening formats 
In 2014, when the project was started, Auro 3D seemed a 
promising format for music production and 13.1 seemed to 
be the most versatile and future proof. As it turned out, that 
was right. It is of course compatible with all Auro 3D 
formats, but also with Dolby Atmos 7.1.4 and 9.1. A real 
Dolby Atmos setup is unaffordable for our studio and has a 
flaw for music production, it has only a top layer, no height 
layer, whereby the immersion suffers because it loses the 
connection to the middle layer. With 30° to maybe 40° there 
is still a connection and thus a good immersion, but if the 
speakers are up in the ceiling, there is no coherence in the 
soundfield, especially for music. In cinema this is not a 
problem. 
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Voice of god 

It turned out Auros’ voice of god channel (the top layer) is 
not well received in home cinema and fortunately it’s also 
not too important for the immersion in a music production, 
although I liked it. 

The center channels 

The top center didn’t survive either and is non-existent in 
7.1.4 and 9.1, so most setups will not be able to play back 
my original 13.1 mix, but the 7.1.4 version will sound very 
similar. 

The center channels in 13.1 are rather counterproductive in a 
stereophonic context, because they are too close to the left 
and right channels, which causes phase issues. Otherwise, in 
an object based production like pop music, the center can be 
used for all kinds of things, like voice, bass, snare etc.  

In cinema, when the basis from left to right is very big, 
omitting the center often creates a hole. In this case I would 
encode left and right to MS (mid side), put the mid signal on 
the center channel and subtract the mid signal from the left 
and right channels. That way one can use the center without 
phase issues. 

The 3D monitoring rig 
The monitor speakers 

The first step was to find thirteen monitor speakers that are 
suitable for mixing in 3D. That means not only a flat 
frequency response, a wide dynamic range etc., but they 
must also play full range, so that there is no bass 
management involved and the subwoofer serves only as LFE 
channel. Also, they had to be affordable. So a test with lots 
of monitors in the price range up to 1000 € apiece was 
carried out at gkg-mastering with Ludwig Maier. Only 
speakers with very good reviews were tested and the big 
surprise were the Nubert nuPro A-300. They have all the 
above mentioned qualities, play from 22 kHz down to 30 Hz 
(± 3dB), cost only 525 € apiece and are much better than 
most other speakers costing even twice as much. 

The rig 

There were and still are several 3D formats out there and so 
a rig (Figure 2) was built that could handle all channel based 
setups up to NHK 22.2. It was specifically designed for the 
Nubert nuPro A-300s, so that the alignment towards the 
listener is 100 % accurate. The inclination of the height layer 
is 30° as standardized as minimum in NHK 22.2 and as 
recommended by Auros’ Winfried van Baelen. The 
immersion with this inclination is very good. 

The steel pipes were filled with sand, so that the rig doesn’t 
resonate, an invaluable tip from Andreas Silzle. 

 

Figure 2: The au3Dio 3D rig for setups up to NHK 22.2 with the 
Nubert nuPro A-300, designed by Michael Mack. 

 

Microphones and preamps 
I have tested lots of microphones on the grand piano and the 
best sounding were the MBHO MBP 603. Unfortunately, my 
preamps and converters (SSL XLogic Alpha Link, SSL 
9000, Telefunken V672, DAV, TLaudio and others) which 
are very good for stereo recordings, have too much noise for 
3D recordings, because the noise of so many channels sums 
up a lot, especially in piano/quiet sections. So I searched for 
a solution and found the Sennheiser and Neumann digital 
microphones, the noise of which was about 20 dB lower than 
that of my setup. Georg Neumann GmbH were so kind to 
lend me ten of their microphones, Synthax GmbH digital 
preamps and interfaces from RME while Steinberg 
contributed a Nuendo 7 license and Nubert the nuPro A-300 
speakers for this recording. The only problem was, that the 
microphones just didn’t sound as nice with the piano as the 
MBHO microphones, the sound became harsh. Today I 
would recommend analog mics with preamps and converters 
that have very low noise, because soundwise it is the most 
flexible solution if you can select the proper microphones. 

 

Miking 
My first tests with orchestra and choir (Figure 3) were based 
on INA 5 with thirteen microphones, seven in the middle 
layer, five in the upper layer and one facing upwards as top 
layer. The distances between the mics as well as the lower 
and upper layer were about 1 meter. The recordings sounded 
pretty good, but localization was not so good. To make a 
long story short, a 3D stereophony did not work with the 
grand piano in the studio and it is obvious, that this doesn’t 
even make much sense in a studio environment without 
reverberance. Because of the brittleness and intimacy of the 
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music the artist and I decided to record in the dry studio, a 
big concert hall was not necessary. 

 

Figure 3: The first test setup with 13 cardioid microphones. 

 

The basis for the microphone setup (Figure 4) was the 
elaborate stereophony of the piano that an assistent and I 
worked out in a soundcheck that lasted one complete week! 
This effort was made, because the great sound in the room 
didn’t translate on the stereo speakers during a normal 
soundcheck and, as part of the studio, the piano should 
sound excellent. Different microphones, setups and positions 
were tried and the most promising was a setup that was 
adopted by Al Schmitt. He put down the piano lid and miked 
it from the left and right side in an AB setup for a Diana 
Krall recording and it was a great sound. This AB setup was 
moved in 2 cm increments and hundreds of recordings were 
made and compared. There was one position, where the 
piano translated beautifully and that was the starting point 
for the 3D setup as middle layer left and right channels. The 
microphones were small condensers with cardioid capsules 
that were facing each other. That way the near miked piano 
sounded full and though direct not harsh at all. 

 

Figure 4: The 3D microphone setup for the grand piano in the 
studio. In the foreground the back left microphone, at the curtain 
the right side microphone. 

 

For the upper layer, the AB was doubled one meter above 
the middle layer, but with cardioids showing up to the 
ceiling to get a more diffuse sound. That was the best idea 
then and it sounded pretty good, but there was too much 
direct sound, so the piano sounds bigger than it should. A 
figure of eight with the null towards the piano would have 
sounded much more diffuse, but I didn’t have the idea then. 

The back microphones were in the back of the room, 
pointing away from the instrument. All microphones were 
placed by ear, listening in the control room while moving 
them. A Sennheiser MD 441 was placed under the piano for 
the LFE channel. That turned out to be a great sounding 
solution. This signal was used very conservatively, but 
brought some extra fullness, that lets one feel something in 
forte sections. 

As mentioned before, the center channels were not used as 
they introduced phase issues, so a total of twelve 
microphones were used: front left, front right, top front left, 
top front right, side left, side right, back left, back right, top 
back left, top back right, voice of god and LFE, all cardioids, 
except MD 441, super-cardioid. 

The resulting sound is unusual, it’s from the players’ 
perspective, very close, intimate and realistic. It pulls one 
into the music – an overwhelming experience. 

Mixing in 13.1 
The monitor setup 

The 13.1 setup of Auro 3D, which was then used for the 
mix, is a bit special, as it has a top center channel and a 
voice of god channel which both turned out not to be used in 
home cinema today, which is the main target of music 
production in 3D. The next most compatible format is 7.1.4, 
which is the current setup in my studio, with the front 
channels at ± 30°, the side channels at ± 90° and the backs at 
± 135°. The top channels are directly above the front and 
back channels. 

Delay 

All microphones were time aligned with the front. That 
sounded very homogeneous, so much so, that one didn’t 
even have a 3D sensation, even with the back speakers 
louder than the front – just boring. So I delayed the back 
speakers and could so adjust the impression of the room size. 
Without enough time-of-arrival differences, stereophonic 
recordings sound small and unconvincing to me, even with 
these uncorrelated signals we had. 

Reverb 

The microphone signals were very dry, as the reverb time in 
the studio is 0.25 s, so of course we had to use artificial 
reverb. We got the most natural and good sounding result 
with several different impulse responses of real rooms from 
the Waves IR1. What was surprising was that the same 
room, although with different settings on the different stereo 
pairs, didn’t sound neither pleasing nor convincing. I had to 
find the perfect room for the respective pair, building up the 
sound image from front to back to height. Especially the 
sides sounded very odd, probably because they point directly 
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at the ears. To get them right was difficult and the reverb had 
to be rather special to fit in the whole picture. It was similar 
with the voice of god, but not so crucial.  

Comparisons 

13.1 The voice of god channel covers the sound field nicely, 
but it’s not essential. 

7.1.4 The top center is absolutely unnecessary in the 
stereophonic context, so I would consider 7.1.4 as an optimal 
setup for music reproduction at home, at least among the 
available setups. Especially in context with my au3Dio 
microphone array, this setup has one big advantage that I’ll 
describe later.  

9.1 or 5.1.4 is the smallest convincing 3D setup, but for 
music reproduction in the stereophonic context absolutely 
convincing and thus sufficient, except the same objection 
applied for 5.1. 

7.1 is a big improvement over 5.1 when placed evenly in 60° 
increments (± 30°, 90° and ± 150°), but even with the 
common max. of ± 135° for the back. If the sides (± 90°) are 
only added to the 5.1 rear speakers (± 110°) this brings no 
improvement at all, only phase issues again. 

5.1 has the disadvantage of the ± 110° rear speakers. To my 
ears the sound of these speakers comes mostly from the sides 
and very little from behind, so the sensation of immersion is 
very restricted. 

Height channels bring a lot of immersion to the table and 
when switching from 9.1 to 5.1 most people are extremely 
surprised about the quantity of the difference. 

 

The au3Dio microphone array 
After as many listening sessions as I could attend, for 
example at the previous ICSAs and lots of test recordings by 
myself, I figured out a new stereophonic 3D microphone 
array (Figure 5) that I have already tested in a cave concert – 
it worked just great, even better than I imagined. 

A stereophonic approach is always indicated when you 
want to authentically reproduce a sound field. This is 
normally the case when a homogeneous sounding ensemble 
like an orchestra or a choir play in a good sounding room 
like a church or a concert hall. Usually you place your 
stereophony at the reverberation radius or simply where it 
sounds good and that’s it. That was of course not the case in 
the previous piano recording, but the cave concert was a 
perfect test scenario. 

The listening format of 7.1.4 was the basis of my idea. First 
I’ll explain the setup for the middle layers’ 7.1 or better 7.0 
format. 

As we all know 60° is the optimal angle for stereo 
reproduction on two speakers. With ± 30°, 90° and ± 150° 
we would therefore have a perfect 360° coverage on the 
middle layer with six times 60°. But even with the backs at ± 
135° we are pretty close. The center is obsolete, as I 
described before. 

The idea concerning the middle layer is simple: six cardioid 
microphones in 60° angles, perfectly covering the complete 
compass of 360°. To calculate the proper basis between the 
microphones, which is exactly 62 cm for cardioids, I used a 
tool by Eberhard Sengpiel (www.sengpielaudio.com) which 
calculates the microphone basis, the microphone angle and 
the recording angle in relation to each other, dependant of 
the polar pattern and even shows the ratio of time-of-arrival 
to intensity stereophony. In this case it’s about 80 % time-of-
arrival stereophony. I usually prefer equivalence 
stereophony, like in this case, as this gives me a good mix of 
spatiality and localization. 

Why cardioids? 

Omnis usually are not working for me. I know they sound 
fantastic, the spatiality is unsurpassable, but the localization 
is poor. For me that’s a quality criterion. When I listen to an 
orchestra, I want to hear where the oboe is coming from. If 
localization was irrelevant, for example like background 
music in a film, I would use omnis, too. 

Figure of eights are of course unsuitable, as they record also 
to the back and one gets a big part of the sound that is 
recorded from the opposite microphone, thus again 
degrading localization, very similar to the omnis. 

Super cardioids or hyper cardioids suffer from the same 
problem but in less extent.  

The microphone pattern with the best reverse rejection is the 
cardiod with -25 dB, while wide cardioid has -11.7 dB, 
hyper cardiod -6 dB and the figure of eight as well as the 
omni have 0 dB reverse rejection (www.sengpielaudio.com - 
MonoAufnahmebereichMikrofon.pdf). 
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Figure 5: The au3Dio microphone array. The figure of eight 
microphones face up-down, not left-right. 

 

The upper layer 

When I recorded the upper layer with cardioids, the 
localization did suffer, but even more of a problem was the 
fact that the sound stage became too high, as some direct 
signal came from the top, too. I looked for a way to get a 
more diffuse sound field from the top layer, as we usually 
have the impression of the direct sound coming from the 
front middle layer and reverberation coming from the top 
layer and the back. 

Cardioids or even hyper cardioids showing 90° upwards 
from the middle layers’ cardioids is not bad, but as the mono 
recording angle of cardioids is 131 ° and that of hyper 
cardioids 104.8° (www.sengpielaudio.com – 
MonoAufnahmebereichMikrofon.pdf) there is still some 
overlapping. The best rejection of all polar patterns is that of 
the figure of eight to its sides. So, as the cardioids are 
pointing to the sound source and align with the figure of 
eights’ sides, the overlapping signal and thus the correlation 
is as small as possible. The icing on the cake is, that you can 
now even MS encode these signals, splitting them up into up 
and down, omit the down signal, which usually records noise 
from the audience, subtract the mid signal again and get only 
the rewarding, most uncorrelated up signal, giving you a 
beautiful reverb with the least direct sound. For stereo 3D 
recordings with good acoustics and players positioned only 
on the ground and not on a gallery as well, that’s a great 
sounding solution. I’ll gladly demonstrate that with my cave 
concert recording. The localization as well as the immersion 
is great, I was at the exact point of the microphone setup and 
it really sounded like it sounds on the record. 
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Spatial perception of reproduced sound

Günther Theile1
1 VDT, Email: guenther.theile@tonmeister.de

Abstract

Driven by current virtual reality developments and applications in film, television and home entertainment the binaural
systems are becoming more and more important – often for practical reasons, for mobile consumer applications as
well as high-quality playback of channel- or object-related 3D recordings. Appropriate quality of headphone based
reproduction requires precisely brain-minded device design. Special attention must be given to the processing of
spectral cues of the brain. Why does the HRTF amplitude spectrum effect distance perception but not produce
corresponding coloration? Why do we locate sources out of the head? How can we avoid localisation inside the head?
Answers can be given by understanding perceptions as sensory events caused by stimuli that are mapped to the outside
world as a result of sensory experience. Special dummy head recordings will be presented to demonstrate corresponding
binaural phenomena. Practical consequence for the design of high-quality headphone-based virtual listening rooms or
loudspeaker-based virtual headphones is the need of precise HRTF replication as well as head-tracking application for
ensuring correct localisation, spatial impression and sound colour.
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Composition of Sound Sculptures with the Ambisonics Instrument IKO

Gerriet K. Shamra1, Markus Zaunschirm2

1 Insitute of Electronic Music and Acoustics, University of Music and Performing Arts Graz, Email: sharma@iem.at
2 Insitute of Electronic Music and Acoustics, University of Music and Performing Arts Graz, Email: zaunschirm@iem.at

Abstract

In computer music plastic sound objects have increasingly appeared in different sound projection techniques over the
last 60 years. The icosahedral loudspeaker (IKO by IEM and sonible), a research and development result of the IEM
Graz together with the company sonible, is the first compact 3rd order Ambisonics based sound emitter. Thus, the
IKO is capable of three-dimensional beam forming and can be used as a portable musical instrument for composing
sound sculptures. The artistic results of this approach considerably differ from those using multichannel loudspeaker
setups. This workshop demonstrates the deployed beam forming and sound sculpture composition techniques as well
as the vIKO and headtracking as compositional tools in the process of 3D electroacoustic composition.
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Ambisonic Hits The Road!

J. Jauch1, M. Romanov2
1 GEjODOME Zeltmanufaktur, Kenzingen, Germany, Email: yobokman@yahoo.de

2 University of Music and Performing Arts, Graz Austria Email: mromanov@gmx.de

Abstract

A mobile geodesic dome powered by an open-source and low-budged Ambisonic sound system with 31 loudspeakers and
16 bass-shakers underneath the floor. A mobile stage for different applications - the symbiosis of stunning technologies.

Figure 1: Outside the “Ambisonic Klangdome”

The “Ambisonic Klangdome”

After almost one year of planning and three intense
workshop weeks the first version of the “Ambisonic
Klangdome” was ready to be prooved under festival
conditions at the Tropen Tango (tropen-tango.de)
Festival. And now we are happy to have another
opportunity to present our mobile system on the ICSA
in Graz.

On the way to create this Ambisonic sound system
we found some enthusiastic friends who helped us to
realize this dream. The already existing structure
of the GEjODOME (https://www.gejodome.de) forms
the ideal framework to ideally distribute a big set of
loudspeakers on a hemisphere. Additionally, the dome’s
floor is powered by 16 bass-shakers to create a unusually
intense overall vibrating experience.

We are proud to present the 3D Ambisonic sound
system inside a GEjODOME. Experience the amazing
possibilities of three dimensional soundfields together with
us!

Of course this is just the first step towards our shared
vision and we owe this to our helping hands of our various
supporters who helped us to forward this project. Our
goal is to make 3D-sound-experiences accessible to as
many people as possible and to convey unique auditive
experiences bringing the dome and its audio system
to people’s surroundings e.g. festivals and other event
locations. We also would like to give musicians, actors
and other artists the possibility to explore new paths of
creativity in recording sessions, plays and concerts.

Figure 2: Inside the “Ambisonic Klangdome”

If you feel the same enthusiasm and would also like to
spread 3D-sound-experiences to the world by contributing
a part to this project, feel free to tell your friends about
us and became part of the “Klangdome Kollektiv” (you
can find us on facebook). Watch how the project goes on
and find out where the “Ambisonic Klangdome” appears
next.

Ambisonic is open-source technology and so is also
our attitude. Nowadays, transfer of knowledge and
shared experiences are perhaps the most important forms
of communication to achieve an unencumbered and
conscious view about the most important things of life.

- The world is a miracle to which everyone contributes
daily! -

Your “Klangdome Kollektiv”
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The challenge of creating outstanding immersive / 3D music production

Tom Ammermann 1

1 NEW AUDIO TECHNOLOGY, Email: tom@newaudiotechnology.com

Abstract

Music has not a cinematic approach where spaceships flying around the listener. Nonetheless, music can become a
fantastic spatial listening adventure on speakers as well as with common headphones. An outlook how to create such
an adventure and how this could sound are the new Blu-ray productions of Kraftwerk and Booka Shade. Production
strategies and workflows to create Dolby Atmos and Headphone Surround 3D in current workflows and DAWs will be
shown and explained.
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Getting started with Ircam‘s panoramix workstation for mixing and

post-production of 3D audio

Thibaut Carpentier1, Markus Noisternig2
1 IRCAM - CNRS UMR STMS, Email: thibaut.carpentier@ircam.fr

2 IRCAM, Email: markus.noisternig@ircam.fr

Abstract

This workshop introduces panoramix, a versatile workstation for the diffusion, mixing, and post-production of
spatial audio (cf. http://forumnet.ircam.fr/product/panoramix-en/). Panoramix is a standalone application (macOS,
Windows, Linux) designed as a virtual console; it offers a comprehensive environment for combining channel–, scene–,
and object–based paradigms. The incoming streams are mixed in a flexible bus architecture, which tightly couples
sound spatialization with reverberation effects. The tool supports a broad range of rendering techniques (VBAP,
HOA, binaural, etc.) and it is remotely controllable via OSC. During the practical workshop, the authors will present
several music excerpts produced with this tool and based on various recording and mixing strategies. Discussion about
principles, methods of use, and interoperability with existing workflows will follow.
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A New 3D Microphone Array for Cinema, VR and Games – A Comparison  

Felix Andriessens (bvft)1, Moritz Hoffmeister (bvft)2 
1 Ton und Meister, Berlin, Germany, Email: felix@tonundmeister.com

2 Ton und Meister, Berlin, Germany, Email: moritz@tonundmeister.com

Abstract
3D-audio microphones or microphone-setups as currently offered or suggested only deliver unsatisfying results in vertical
crosstalk cancellation, meaning “ground-based” sound-sources unintentionally playing back from ceiling speakers.
Additionally, many of them offer only a very small “sweet spot” - the smaller the microphone or microphone setups, the
worse. Coming from a film background and being faced with a growing demand for sound design for 3D-audio productions
in different media, we developed our own setup, focussing on minimized vertical crosstalk and optimized suitability for
playback in large venues such as cinemas. The solution we found shows positive effects for headphone playback as well,
therefore being of interest for VR applications and the like and cinematic or theatre applications at the same time. We
compared our development with seven other 3D-audio microphones or microphone setups with recordings made during an
ambience recording session and are now able to show the differences between those setups in direct comparison very clearly.
While presenting the advantages our development offers, we discuss at the same time where the existing – smaller – setups as
Ambisonics microphones and the like still are useful.

Ambience Recordings as Creative Means
Ambience recordings are a crucial tool for designing
acoustic environments, or in other words: for creating an
acoustical scenography, as can be experienced in
implementations such as film sound, game sound, VR
applications, theatre and radio plays, to name a few. 

The use of ambiences in film has been summarized by
Butzmann and Martin like this:

”In narrative films, the significance of ambiences is usually rewarded by

giving them their own stem. They are the fourth element of sound next to

dialogue, effects and music. […] … even leaving a void in their place, even

digital zero, even a signal-to-noise ratio of minus infinity is an ambience,

the ambience of nothingness. In film therefore applies: there always is

ambience! Even no ambience is an ambience. […] ...the establishing shot,

defining the location of a scene, in many cases [is] hinted at or replaced or

at least supplemented by the acoustical properties of a room. […] This

acoustical information, its ambience, liberates the camera from its duty to

show detailed characteristics of the location. [...] [An ambience] needs to be

created, shaped, one is tempted to say: needs to be magically conjured up.

Ambience is illusion, as in the circus.” [1] (translation by F. Andriessens)

So ambience recordings in an acoustic scenography may
offer a sense of time and place, of the things that surround
the audience, visibly or invisibly, physically or emotionally,
while being less obvious than music, and thereby giving a
different feeling of “being there”. 

Like every good scenography, a functioning acoustic
scenography transports moods and emotions. Ambience
recordings therefore are an important part of transporting
those emotional messages.

Properties of Good Ambience Recordings
In designing sound for picture, most of the time one will
have to use other sources than the production sound - the
sound recorded at the film set - and also won’t be able to
record at the filming location or return there to record

meaningful material. For creators of audio and especially of
audio-visual content, it is important to be aware of the fact
that a scenery that is perfect for a great picture often doesn’t
sound as good as it looks. One of the reasons for this is that
microphones tend to hear everything from all directions,
while it is very easy to choose a detail from a scenery for a
picture completely excluding present elements that are
unwanted. So for designing an acoustic scenography,
recordings from different locations and sources are required
- recordings that have a specific and unique character each
track to their own, while still being combinable with other
material without sticking out, or as David A. Yewdall puts it:

“The resulting audio sources (i.e., fluorescent ballast hums, distant traffic,

air-conditioning ducts, etc.) create relatively constant characteristics that

reverberate off the walls, ceiling, pavement, etc.” [2] 

An ambience sound recordist therefore most times is looking
for what David Sonnenschein describes as “ground“, versus
the unwanted “figure“: 

“When a voice pops out of the restaurant murmur and you recognize an old

friend or a hot tip in the stock market, this voice becomes a figure against

the ground of the background ambience. […] Walter Murch, […] has

pointed out that within one scene our attention can be focussed only on a

maximum of two sound elements simultaneously, because ‘three trees

[figures] make a forest [ground].’“ [3]

Growing Demand for 3D-Audio
With the advent of playback solutions like Dolby Atmos and
Barco Auro3D, standardized speaker setups not only
containing more than just two surround channels but also
containing ceiling speaker channels have become of larger
interest, not to mention the ever-growing number of VR-
playback devices, many of them using HRTF-based
headphone playback including headtracking. The increasing
number of microphones and microphone setups offered for
3D-audio recordings are telling the same story.

Workshops

Proceedings of the 4th International Conference on Spatial Audio, VDT&IEM, Graz, Sept. 2017
ISBN 978-3-9812830-8-2

202



State of Affairs: Current Ways of Creating 
Immersive Audio Sceneries
Audio sceneries (in this paper excluding sound effects for
objects shown on the screen and especially those operated by
dramatis personae) usually consist of three layers: there is
one or several spatial recordings with very little tangible
content that depict the location at hand in an empty state and
form the base. This background already gives a basic feeling
of the location itself, and is complimented by one or multiple
layers of spatial recordings of elements the audience doesn’t
necessarily have to associate with palpable elements shown
in the picture. This midground is important to animate the
scenery and bring it to life. Together with accents in the form
of mono or spatial recordings that might or might not be
associated with objects in the picture, they altogether form
the ambience. At least the latter layer usually is handled as
objects in immersive audio contexts, while background and
midground layers usually are employed using fixed channels
or beds, as Dolby calls it. Accents, as mentioned previously,
are what production sound recordings most times at best
may be useful for. Therefore, archive or custom made spatial
audio recordings are of great importance for background and
midground. 

To the authors findings, most ambience libraries currently
available contain stereo recordings or surround ambiences
built from stereo recordings; only a few are actually recorded
using surround microphone techniques, and even fewer
consist of 3D-audio recordings. 

While it is perfectly possible to build 3D-audio ambiences
using stereo (here: more or less decorrelated two-channel)
recordings as source material, it is very time consuming, as it
often means having to fill seven channels on the lower layer
alone, not speaking of the two and more channels on the
ceiling layer. Even more effort is needed the more authentic
the result is supposed to be. 

In contrast, simply using one or two well recorded 3D-audio
ambiences for back- and/or midground usually creates an
instant impression of authentic immersion and “being there”,
leaving more time for adding mono sources to feature certain
aspects of the picture events at hand, e.g. production sound
from the shoot or archive sounds – a step that usually is
needed either way, be it using stereo recordings or using 3D-
audio recording. 

Since time-efficiency in work and authenticity of the results
seem to be good reasons for using 3D-audio recordings as
source material, the lack of supply thereof lead the authors to
the question in what way an ideal 3D-audio ambience should
be recorded.

In the Field and on the Market
Using either inter channel time difference (ICTD) based or
inter channel level difference (ICLD) based recording
techniques or mixed approaches as ORTF and the like is
often discussed from a sound-aesthetic perspective.  Besides
the question of what kind of sound impression is desired
under aesthetic and artistic aspects, there are two other areas
to be taken into account as well: 

- In the field: what are the recording conditions?
(What is our budget? Do we have to be able to
move and react fast? Is there enough space for
placing our microphone setup?)

- On the market: what are the customers playback
conditions going to be like? (Since the size of the
usable sweet spot is not of the same concern in all
fields of application, with headphone playback and
playback in cinemas or other large venues each
marking the particular ends of a scale, affecting one
person at a time in the first case, and sometimes
hundreds in the latter.)

Challenges and Outline
After experimenting with recordings made with spaced
microphone setups as well as with coincidental microphone
setups, and playing them back on headphones via HRTF, in
rooms with approx. 70 cubic meters, and in large cinemas,
the authors found that there were the following three major
problems they wanted to see or rather hear being solved in
recording 3D-audio ambiences:

- crosstalk between the ceiling speaker layer and the
lower speaker layer (of ten resul t ing in
combfiltering as described in [4], and quite simply
having crossing pedestrians suddenly and
unintentionally walk through the ceiling and the
like),

- small size of sweet spot (problematic especially in
contexts such as cinema playback where larger
groups of the audience become excluded from parts
of the intended aural experience), 

- lack of robustness against level manipulations in
post-production (slight gain reductions on single
channels in the mix letting the whole spatial
impression vanish)

Additionally, the authors became aware of the fact that most
of the available recording setups do not take advantage of
the seven channels Dolby Atmos and DTS:X offer on their
bottom layers, which are very helpful to overcome the
defects of 5.1 playback as already stated in [5], and shown
for 3D playback in [6].

Having Dolby Atmos in mind in any case (since it is the
most common 3D-audio system in cinemas in Germany,
Austria and Switzerland at the time of writing, comparing
[7] and [8]), the following setup was outlined:

- ICTD-based, with large distances between all
microphones for high channel decorrelation, at least
for the bottom layer; 

- microphones with cardioid directivity patterns on
the horizontal plane for increased decorrelation;

- L and R microphones facing 180° away from each
other for maximizing decorrelation;

- seven microphones for the bottom layer (Dolby
Atmos convention and [5][6]);
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- two microphones for the top layer (Dolby Atmos
convention);

- option for adding two more microphones on the top
layer for better compatibility with other 3D-audio
formats as Barco Auro3D and 

- (variable) distance between top and bottom layer, as
needed. Although it has been shown in [9] that
ICTD alone do not help to increase vertical
localization, a larger distance between lower and
upper microphone plane should help to lower
crosstalk between both. [9] states that at least ICTD
from 0 to 10 ms have no effect on localization,
which means up to 3,43m distance between both
microphone planes should be possible as a
minimum without causing any problems either. The
possibility to vary this distance from recording to
recording is a necessity considering the individual
topologies of possible recording locations;

- increased spectral separation between top and
bottom layer, by ways not to be disclosed in this
paper, to help reduce combfilter effects as in [4]. 

Figure 1: Recording Setup at Fontanepromenade, Berlin, 2016
(© 2016 Mark Mattingly)

 Recording Session
In Summer 2016, eight 3D microphone setups and
microphones ( f rom here on a l t oge the r named
“microphones”) were compared in an outdoor ambience
recording session: three FOA microphones (CoreSound
TetraMic, Sennheiser Ambeo, Soundfield ST250), one 3rd-

order-Ambisonic microphone prototype from a manufacturer
not to be disclosed, an eight-channel-prototype (based on
eight capsules placed in only a few centimeters distance
from each other, necessitating a rendering operation in post-
production) from another manufacturer not to be disclosed, a
Schoeps ORTF3D, a combination of five-channel "Williams
Star” and IRT cross (making it a 5.0.4 array), and the

authors’ own development, a 7.0.2 microphone array
furthermore called Andriessens-Hoffmeister-Array. 

The recording session took place in Berlin-Kreuzberg, at a
promenade flanked by large chestnut trees situated between
cobblestone roads with little traffic, closed front of large
residential buildings on the left side, a patchy line of
buildings of different sizes on the right side, and with main
streets on each end of the promenade.

Figure 2: Location in Berlin, Germany (Map Data © 2017
GeoBasis-DE/BKG (© 2009), Google)

The recordings were mastered (meaning equalizing the
levels, but not equalizing the sound of the different
microphones in the test field) at Rotor Film in Potsdam
Babelsberg, Germany – with around 400m2 and 3400m3 one
of the largest Dolby Atmos mixing stages in Europe.

Figure 3: Mastering at Rotor Film (© 2017 Mark Mattingly)

Figure 4: Floorplan Rotor Film, Potsdam, Germany
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Listening Tests in Potsdam, Berlin and 
Hamburg
There, the first informal listening tests with professional film
sound designers and re-recording mixers were held. 

Another informal test followed at the Dolby Atmos mixing
stage of The Post Republic in Berlin, Germany, with 140m2

and 700m3 a considerably smaller, but still “cinema-sized”
mixing stage, concluded by a blind listening test during our
presentation at Hamburgs University of Applied Sciences
(HAW) Tonlabor during [10]. 

Figure 5: Dolby Atmos Mixing Stage at The Post Republic, Berlin,
Germany (© 2013 The Post Republic GmbH Berlin)

The Tonlabor has with approx. 70m2 with an octagonal
footprint a volume of approx. 470m3 and therefore a form
and size that is not common for professional cinema mixing,
so the blind test held there was supposed to show if the
findings of the previous listening test could be confirmed
under non-standardized conditions. 

Figure 6: Floorplan Tonlabor, HAW Hamburg, Germany 

While the listening sessions at Rotor and Post Republic went
with a “hands-on”-approach, letting the participants operate
the playback system themselves and play back arbitrarily
chosen samples of the test recordings, the test at Tonlabor
had a more formal character, being a blind (but not double
blind) test, comparing an edit of the same 45 seconds of our
material for the microphones

- Sennheiser Ambeo (as representative of FOA 
microphones),

- the 3rd Order Ambisonics Prototype,
- the Eight-Channel-Prototype,
- the Schoeps ORTF3D,
- a “fake” edit out of the front L/R channels of the 

Schoeps ORTF3D, to emulate the traditional way of
immersive sound design as described above,

- the Williams / IRT, and
- the Andriessens-Hoffmeister-array,

and asking the participants to evaluate the parameter groups

- Balance and Depth,
- Envelopment,
- 3D/Height-Experience,
- Overal Listening Experience,

by giving marks from 1 to 5, with 

- 1 = excellent,
- 2 = good, 
- 3 = average,
- 4 = poor, 
- 5 = unsatisfactory.

The questionnaire was inspired by [11] and [12] and had to
be strongly condensed for the sake of a short test duration. 

Figure 7: Listening Session at Tonlabor during [10] (© 2017 Gertje
König)

The 45 second edit played back during the test contained a
car passing by,  a bird singing on a tree nearby, children
playing in some distance, car door slams and hammering
from construction works further away, and a pedestrian
passing by, close to the mics, on gritty ground. In preparation
for the test, 21 seats were placed in the middle of the
octagonal room in three rows of seven seats parallel to the
axis formed by the L/C/R-speakers. Two test passes had been
scheduled, but as this test was part of a tutorial for 3D
ambience recordings during [10], the number of participants
were difficult to control and turned out to be almost 50
persons for the first pass. It had therefore to be reduced by
asking for volunteers postponing their participation to the
second pass. Still, around 35 participants took part in the
first pass, thus partially sitting on the floor in front of the
seats or standing behind them. The second pass then
involved approx. 10 participants, all of them sitting on the
chairs. Since not all of the participants returned their
questionnaires, the exact number per pass is unknown, but in
total, 35 questionnaires were returned. All participants were
asked to mark their seat position in relation to the center
speaker and the sweet spot on their questionnaire, and were
given the possibility to ask questions before each test started.

Evaluation
The feedback collected during the listening sessions at the
cinema mixing stages at Rotor and Post Republic, involving
a total of nine participants working as sound designers
and/or re-recording mixers and thereby to be described as
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film sound professionals, was uniform, resulting in the
following precedence, from most to least preferred:

1. Andriessens-Hoffmeister-Array

2. Williams Star / IRT cross

3. Schoeps ORTF3D

4. “Fake” Edit

5. Eight-Channel-Prototype

6. 3rd Order Ambisonics microphone 

7. all FOA microphones. 

Additionally, the following findings were noted:

- in Dolby Atmos, all speakers on the lower plane but
especially the surround speakers are placed
relatively high in relation to the listeners ears.
Because of that it seemed even more important to
decorrelate material played back on the lower plane
from material played back on the upper plane.

- For all microphones, object-based playback (one
object per microphone channel) was preferred to
channel-based playback (“beds”), contrary to what
is suggested by Dolby. The reason seems to be that
in “bed”-playback (in large rooms as most cinemas)
speaker-arrays are used, versus the single speakers
that are used for object-playback especially when
activating the “snap to speaker”-function. This way,
while eliminating combfilter effects on both planes,
a major gain in localization for the upper plane was
reported by the test persons, up to the point that the
upper plane became considerably more perceivable,
or even perceivable in the first place.

- Re-recording mixer Martin Steyer, one of the test
persons during the session at The Post Republic,
demonstrated that moving the microphone channel
objects playing over the ceiling speakers by
continuous changes in horizontal panning helps to
create a longer lasting impression of immersion
compared to fixed ceiling object playback. Of
course, the practicability for this kind of
enhancement depends strongly on the contents that
is played back.

- As several takes with different heights for the upper
microphones of the Andriessens-Hoffmeister-Array
had been recorded during the recording session,
comparing those only seemed to prove that ICTD
between lower and upper microphone plane do not
lead to an increase of vertical localization, as in [9].

For the analysis of the test at Tonlabor, the middle seat in the
second row (the “sweet spot”) was labelled with “SA1”, and
the listening area divided into four extending, concentric
circles around it, labelled from SA2 to SA5, with SA5 being
outside the seating area, and the seating position marked on
each questionnaire was transformed into a position on one of
the circles. Five questionnaires did not carry any information
about the seating position and were labelled with “N”. It is
unknown how many of the participants had a background as

an audio professional. After the test, some participants
reported noticeable flutter echoes between ceiling and floor
while the room wasn’t filled with audience.

Figure 8: Seating Areas and Speaker Placement at Tonlabor

It hasn’t been verified if these flutter echoes also were
noticeable during the listening tests. 

Averaging the results over all parameters and all seating
areas per microphone places the Andriessens-Hoffmeister-
Array on top of the order of preference, although then
showing an order different from the one from the previous
tests:

1. Andriessens-Hoffmeister-Array (1,86)

2. Eight-Channel-Prototype (1,87)

3. Schoeps ORTF3D (2,32)

4. Williams Star / IRT cross (2,37)

5. “Fake” Edit (2,42)

6. Sennheiser Ambeo (2,84)

7. 3rd Order Ambisonics Microphone (3,11)

1

2

3

4

5

Tonlabor: Mean of Parameter Means

Figure 9: Means, 95% Conf. Interv. of Parameter Group Means

But while the Andriessens-Hoffmeister-Array prevailed for
the parameter groups Balance and Depth as well as for
Envelopment, it had to take the second place for 3D-/Height-
Experience and Overall Listening Experience. 
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Table 1: Mean of Parameter Means
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Tonlabor: Balance and Depth

Figure 10: Means, 95% Conf. Interv. of Balance and Depth

Table 2: Balance and Depth

1
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4
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Tonlabor: Envelopment

Figure 11: Means, 95% Conf. Interv. of Envelopment

Table 3: Envelopment

1
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4

5

Tonlabor: 3D/Height-Experience

Figure 12: Means, 95% Conf. Interv.  of 3D-/Height-Experience

Table 4: 3D-/Height-Experience

1
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4

5

Tonlabor: Overal Listening Experience

Figure 13: Means, 95% Conf. Interv.  of O.L.E.

Table 5: Overall Listening Experience (O.L.E.)

The Ambisonic microphones always were seeded on the last
places (see figures 10-13). Looking at the results filtering by
seating area does not fundamentally change these results (see
figures 14-18).

SA 1

SA 2

SA 3 SA 4

SA 5

1

3

5

3rd Order Prototype
Ambeo
Andriessens Hoffmeister
Eight Channel Prototype
Fake
Schoeps ORTF3D
Williams / IRT

Seating Area

M
ar
k

Figure 14: Tonlabor Mean of Parameter Group Means vs Seating
Area

Seating Area → N SA 1 SA 2 SA 3 SA 4 SA 5

Participants→ 5 2 9 5 13 1

3rd Order Prototype 3,25 2,75 3,42 2,7 2,96 4,25

Ambeo 2,7 2,88 3,06 2,9 2,69 3

Andriessens Hoffmeister 1,85 1,5 1,75 1,6 2,12 1,75

Eight Channel Prototype 1,9 1,38 1,81 1,65 2,04 2

Fake 2,8 2,25 2,5 2,55 2,15 3

Schoeps ORTF3D 2,25 1,5 2,36 2,25 2,35 3,25

Williams / IRT 2,15 2,25 2,42 2,2 2,53 2

 

Table 6: Tonlabor Mean of Parameter Groups Means vs Seating
Area

Lower Upper

3rd Order Prototype 3,11 0,08 3,19 3,03

Ambeo 2,84 0,18 3,01 2,66

Andriessens Hoffmeister 1,86 0,13 1,99 1,74

Eight Channel Prototype 1,87 0,08 1,94 1,79

Fake 2,42 0,10 2,52 2,32

Schoeps ORTF3D 2,32 0,14 2,45 2,18

Williams / IRT 2,37 0,14 2,51 2,23

Tonlabor:
Mean of Parameter Means Mean of

Means

95%
Confidence

Interval Mean Lower Upper

3rd Order Prototype 3,06 0,31 2,75 3,37

Ambeo 3,09 0,28 2,81 3,37

Andriessens Hoffmeister 1,94 0,32 1,62 2,26

Eight Channel Prototype 1,9 0,26 1,64 2,16

Fake 2,37 0,29 2,08 2,66

Schoeps ORTF3D 2,47 0,21 2,26 2,68

Williams / IRT 2,57 0,23 2,34 2,8

Tonlabor:
3D/Height-Experience

95%
Confidence

Interval

Mean Lower Upper

3rd Order Prototype 3,03 0,31 2,72 3,34

Ambeo 2,69 0,24 2,45 2,93

Andriessens Hoffmeister 1,74 0,26 1,48 2

Eight Channel Prototype 1,86 0,2 1,66 2,06

Fake 2,31 0,29 2,02 2,6

Schoeps ORTF3D 2,14 0,23 1,91 2,37

Williams / IRT 2,26 0,19 2,07 2,45

Tonlabor:
Envelopment

95%
Confidence

Interval

Mean Lower Upper

3rd Order Prototype 3,14 0,29 2,85 3,43

Ambeo 2,74 0,22 2,52 2,96

Andriessens Hoffmeister 2 0,28 1,72 2,28

Eight Channel Prototype 1,76 0,22 1,54 1,98

Fake 2,49 0,26 2,23 2,75

Schoeps ORTF3D 2,34 0,2 2,14 2,54

Williams / IRT 2,36 0,2 2,16 2,56

Tonlabor:
Overal Listening Experience

95%
Confidence

IntervalMean Lower Upper

3rd Order Prototype 3,2 0,37 2,83 3,57

Ambeo 2,83 0,21 2,62 3,04

Andriessens Hoffmeister 1,77 0,29 1,48 2,06

Eight Channel Prototype 1,94 0,24 1,7 2,18

Fake 2,51 0,3 2,21 2,81

Schoeps ORTF3D 2,31 0,27 2,04 2,58

Williams / IRT 2,29 0,24 2,05 2,53

Tonlabor:
Balance and Depth

95%
Confidence

Interval
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Figure 15: Tonlabor Mean of Balance and Depth vs Seating Area

Seating Area → N SA 1 SA 2 SA 3 SA 4 SA 5

Participants→ 5 2 9 5 13 1

3rd Order Prototype 3,40 2,50 3,56 2,80 3,00 5,00

Ambeo 3,00 3,00 3,00 2,60 2,62 4,00

Andriessens Hoffmeister 1,40 1,50 1,67 1,40 2,15 2,00

Eight Channel Prototype 1,60 1,00 2,00 1,60 2,31 2,00

Fake 2,80 2,50 2,44 2,80 2,31 3,00

Schoeps ORTF3D 2,20 1,00 2,44 2,20 2,38 4,00

Williams / IRT 1,80 1,50 2,44 2,20 2,54 2,00

 Table 7: Tonlabor Mean of Balance and Depth vs Seating Area
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Figure 16: Tonlabor Mean of Envelopment vs Seating Area

Seating Area → N SA 1 SA 2 SA 3 SA 4 SA 5

Participants→ 5 2 9 5 13 1

3rd Order Prototype 3,00 3,00 3,33 2,40 3,00 4,00

Ambeo 2,60 3,00 2,89 2,80 2,46 3,00

Andriessens Hoffmeister 1,80 1,50 1,78 1,60 1,85 1,00

Eight Channel Prototype 1,80 1,50 2,11 1,80 1,85 1,00

Fake 2,60 2,00 2,44 2,40 2,08 3,00

Schoeps ORTF3D 2,20 1,50 2,22 2,20 2,08 3,00

Williams / IRT 2,20 2,00 2,22 2,00 2,46 2,00

 Table 8: Tonlabor Mean of Envelopment vs Seating Area
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Figure 17: Tonlabor Mean of 3D-/Height-Experience vs Seating
Area

Seating Area → N SA 1 SA 2 SA 3 SA 4 SA 5

Participants→ 5 2 9 5 13 1

3rd Order Prototype 3,20 3,00 3,44 2,60 2,85 4,00

Ambeo 2,60 2,50 3,22 3,60 3,15 2,00

Andriessens Hoffmeister 2,20 1,50 1,67 1,60 2,23 2,00

Eight Channel Prototype 2,20 1,50 1,56 1,60 2,12 3,00

Fake 2,80 2,00 2,56 2,40 2,08 3,00

Schoeps ORTF3D 2,20 2,00 2,44 2,40 2,46 3,00

Williams / IRT 2,20 3,50 2,67 2,40 2,62 2,00

Table 9: Tonlabor Mean of 3D-/Height-Experience vs Seating Area
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Figure 18: Tonlabor Mean of Overall Listening Experience vs
Seating Area

Seating Area → N SA 1 SA 2 SA 3 SA 4 SA 5

Participants→ 5 2 9 5 13 1

3rd Order Prototype 3,40 2,50 3,33 3,00 3,00 4,00

Ambeo 2,60 3,00 3,11 2,60 2,54 3,00

Andriessens Hoffmeister 2,00 1,50 1,89 1,80 2,23 2,00

Eight Channel Prototype 2,00 1,50 1,56 1,60 1,88 2,00

Fake 3,00 2,50 2,56 2,60 2,15 3,00

Schoeps ORTF3D 2,40 1,50 2,33 2,20 2,46 3,00

Williams / IRT 2,40 2,00 2,33 2,20 2,50 2,00

Table 10: Tonlabor Mean of Overall Listening Experience vs
Seating Area

Discussion
While the first two listening sessions in rooms ≥140m2 and
≤700m3 lead to an order of preference that could be
translated in a sentence like “the more ICTD the better, the
less ICTD the worse”, the listening test in a considerably
smaller room didn’t seem to support this conclusion
universally. 

Since the listening test at Tonlabor was not double blind and
all in all held in a rather improvised fashion, not speaking of
the unexplained possible influence of the reported flutter
echoes on the listening experience there, it seems to be
advisable to consider its results with care. That applies even
more since parameters had to be grouped for the sake of
shortening the tests duration. Still, the Andriessens-
Hoffmeister-Array, being the microphone setup with the
biggest ICTDs, leads the ranking, and the both Ambisonic
microphones in the test field, having the smallest ICTD,
form the rankings end. 

Conclusion and Outlook
Ambience recordings made with each ICLD-based, ICTD-
based and mixed 3D microphones at the same time have
been compared during listening sessions in very large and
medium sized rooms, leading to a very homogeneous
feedback from all participating film sound professionals:
ICTD-based systems were strongly preferred, with a clear
tendency towards the Andriessens-Hoffmeister-Array
introduced here. It offers a large sweet spot, reduced
crosstalk between upper and lower plane, and the sound field
of its recordings is highly stable against level manipulations
in post-production.

While doing no harm, ICTD seem to play a smaller role for
the listening experience in medium sized or smaller rooms,
as indicated by the results in an approx. 50m2 room. Still, the
Andriessens-Hoffmeister-Array and other ICTD-based
systems performed better there than the Ambisonic
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microphones in the field. Further double-blind trials will be
needed to deliver solid evidences. That especially applies for
playback over headphones via HRTF, which the authors
found to be preferable with ICTD-based material, rather than
ICLD-based recordings. 

It furthermore became obvious to the authors that – while
scoring very well in all tests - the Andriessens-Hoffmeister-
Array is the system in the test field that is most laborious to
operate. With both the authors having a background as
freelance film location sound mixers both on feature and
documentary films, and being experienced field recordists as
well, they are aware of limiting factors as weight, size,
manoeuvrability and price of recording setups, not to
mention time budgets,  especially when recording in the field
as one would usually do during or for film productions. The
rule still applies that the best recording is always the one at
hand (versus the one one would have made, if...), and the
emotional contents of a recording is usually the critical
factor when choosing sounds for sound design, rather than
technical aspects. Therefore, coincident recording techniques
like Ambisonics or hybrid forms as ORTF stereophony and
their derivatives or extensions will always have their area of
application; especially Ambisonics seem to be the method of
choice for production sound recordings during 360°-film
shoots. 

For all cases though where uncompromising quality in terms
of layer separation, sweet spot size and robustness against
level adjustments are essential, and size and manoeuvrability
isn’t an issue,  ICTD-based techniques should be used. This
or the other way, a well-stocked 3D-audio ambience library
with ambiences recorded decidedly in 7.0.2 or 7.0.4 will be a
time-saving addition, tonally superior to most custom-made
ambiences built from stereo tracks, and a valuable addition
to the latter.
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Electric Brother ”Rocks” - musical album mixed in Dolby Atmos

Cristian Stefanescu1

1 Eletric Brother, Email: electricbrother@gmail.com

Abstract

Probably the first musical album mixed and presented to the audience in a Dolby Atmos-equipped cinema hall. A
listening session without any accompanying visuals, images or lights. Music has become a soundtrack to mundane daily
activities and it lost its place as an art form and a form of reflection, of enjoyment or of entertainment. Listeners do
not care too much about the quality of the sound and we definitely lost the idea of listening. Friends meeting around
a turntable, excitedly getting out a record and playing it back is a thing of the past. I‘ve challenged my audience
to forget about their smart phones for 50 minutes, forget about drinks and conversations and enjoy the music in an
immersive, emotional way.
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Create binaural music and radio plays in another virtual multichannel

sound dimension

Tom Ammermann 1

1 NEW AUDIO TECHNOLOGY, Email: tom@newaudiotechnology.com

Abstract

Over 85% of the people listen to their audio content like music, radio plays and movies on the go with headphones.
So there is a great advantage and chance to create impressive new headphone mixes using sophisticated high-quality
binaural headphone virtualization available today. The tutorial will show how to do this with common DAWs and
tools and provide a lot of brand new listening examples to inspire audio producers.
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Producing Immersive Audio Formats - The Future of Sound, Created

Today

Stefan Zaradic1, Stefan Bock2, and Tobias Wendl3
1 zaraproduction, Email: zara@zaraproduction.de

2 MSM Studio Group, Email: stefan.bock@tonmeister.de
3 Sound Alliance Munich, Email: t.wendl@soundalliance-munich.de

Abstract

The workshop provides insights into the challenges of recording and postproduction of various immersive live scenarios
productions. The focus is the optimization of the entire production process and the stringent transfer to various
end-user formats. Such as Dolby Atmos, DTS-X, Auro 3D and their binauralization. We will show severals projects,
i.e: the Tetragon-Project.com immersive concert in the György Ligety Room 2016 which was immersive recorded and
mixed for Blu-ray and Pure Audio Blu-ray in various object-based formats. As well, we will present recordings from a
studio live production in southern Italy with the violin virtuoso Alessandro Quarta and his sextet with pieces from
Astor Piazzolla. This album has been recorded in immersive audio, monitoring was realized in a realtime binaural
setup. Editing, mixing and mastering has been done at msm-studios Munich.
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Create MPEG-H content with common DAWs

Tom Ammermann 1

1 NEW AUDIO TECHNOLOGY, Email: tom@newaudiotechnology.com

Abstract

MPEG-H is still the TV broadcast standard in Korea. Major end user device manufacturers like Samsung and LG are
based there. So it’s very likely that MPEG-H will be available soon on a lot of devices in the marked worldwide what
will certainly increase the demand for MPEG-H content very soon. The Tutorial will show how to create, edit and
export content for that application quick and easy in common production workflows with any DAW.
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Pop music in 3D

Benedikt Maile1, Daniel Schiffner2
1 Email: benedikt.maile@web.de

2 Email: daniel.schiffner.mail@googlemail.com

Abstract

Rapid progress in the development of, and composition for, various spatial sound technologies is not reflected in
developments of artificial spatial sound and music for those with hearing deficits. A significant proportion of those over
fifty have some deficit, characterised as either sensorineural loss, conductive loss, or both. There is a quality of life (QoL)
issue here in that many people are ‘music deprived’. We describe progress in adapting spatial sound technologies for use
in a multi-transducer cranial-tissue-conduction apparatus that can elicit some perceptual impressions of spaciousness.
Some implications for the composition of perceptual experience for those with hearing deficit are discussed, together
with possible directions for technological development.
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