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Abstract

Virtual reality (VR) as a field is currently seeing big technological advancement and an increase in both interest
and content. At the same time, the production workflows for creating content for VR are still in their infancy and
there are few commonly accepted conventions within the field. This study aims to compare different sound field
microphone techniques for classical music recording in virtual reality. A Sennheiser AMBEO microphone, a
double MSZ array and an INA-5 array as well as a 360° camera were used to record a rehearsal of The Royal
Swedish Orchestra. These recordings were then used to conduct a listening test in VR where subjects scored the
different microphones techniques on “localisation” and “naturalness”. A t-test between the results of the different
techniques showed that the AMBEO microphone was significantly better than the INA-5 array for localisation and
that the double MSZ array was significantly better in terms of naturalness compared to the INA-5 array. However,
these results should be interpreted with caution as many variables during the process might be unique to this
particular study.
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Comparison of sound field microphone techniques for classical music recordings in virtual reality

Introduction

In the last couple of years, virtual reality (VR)
technology, as well as related fields such as augmented
and mixed reality, have seen big changes both in terms
of technological advancement and an increase in both
available content and VR users. Today, many
consumers can access some level of virtual or
augmented reality even through hardware not
dedicated to VR such as their smartphone. So far it has
largely been the gaming industry that has pushed the
development with both stand-alone VR systems as well
as different solutions for PCs and gaming consoles. But
as the development and access to VR has increased,
content from outside of the gaming sphere has
increased with it. With a majority of big technology
companies making investments within virtual reality,
one could make the argument that VR is on the path of
becoming a completely new medium. VR might not
just be a revolution for the gaming industry but for the
entire media and entertainment sector. This would be
in a similar way to how the development of the
smartphone over the personal computer changed the
entire media industry for ever.

We have already seen VR spread far outside the realms
of gaming already, with one of those areas being music.
Consuming music together with visual content isn’t
something we can call new, neither is music
consumption by more and more enveloping means
such as surround sound. As classical music is arguably
a music genre that generally strives toward a realistic
reproduction in for its recordings, it makes for a
relevant test to see how realistic a virtual reality
experience of a classical performance by a symphony
orchestra could be.

Scope

The aim of this study has been to compare different
audio recording techniques for capturing classical
music performances in virtual reality with a sound field
microphone technique. A sound field capture could be
explained as a technique to capture an entire sound
field rather than a discrete sound source. A sound field
microphone or microphone array is what you could call
a common “main array” in a classical music recording
setting. Knowledge about techniques such as A-B, X-
Y or ORTF for stereo capture are commonplace
amongst sound engineers and the different usage cases
for the different techniques. However, virtual reality in
its current form is relatively new and brings in a whole
lot of aspects that will be completely new to most
sound engineers. While techniques such as ambisonic
capture in itself isn’t a new phenomenon, its usage has
been highly limited. With virtual reality as the focus of
this study rather than just ambisonics, we also have to
take audio-visual coherence, video quality and other

aspects unique to VR into consideration when
comparing these techniques.

Virtual reality as a field brings many different
technologies into play, even if we limit ourselves to just
audio. As VR is also still a new platform, this means
that there are few standards and universally agreed
conventions for most aspects of VR. While this of
course opens for a lot of interesting research in the
field, it can be very difficult for someone new to VR
production to navigate through this maze of
technologies.

This study tries to look at this question from a naive
perspective of a sound engineer simply trying to record
what could be described as a standard or conventional
virtual reality recording. While one could argue that
there is no such thing as a standard within recording,
especially not within such an emerging field such as
VR, many assumptions had to be made in this study in
order to make it feasible within the scope of a bachelor
thesis. This study will however give an example of a
complete process on how to go from recording to
finished product.

The choice of microphone technique is often critical in
any recording process and is often one of the most
important choices a sound engineer makes in the entire
production process. This study will compare three
different microphone techniques for first order
ambisonic capture for virtual reality. The aim is not to
define a preferred or ideal technique but rather to gain
more insight into the different properties of each
technique. It will also give sound engineers insight into
how much they will have to change their workflow in
order to record material for virtual reality.

Theory

The techniques that are compared have been chosen out
of a difference in approach. The AMBEO microphone
is a ready-to-use solution for ambisonic recording in an
A-format configuration (Rumsey & McCormick,
2014). The double-MSZ array is an attempt to build an
ambisonics compatible array out of a conventional
setup (double M/S) with common microphones
(Geluso, 2012). The last technique, the INA-5 array
(Sitek & Bozena, 2011), is to see if even a common
surround sound array can be used for ambisonic
capture.

There have been many different technologies over the
years that have all aimed to create a virtual reality.
What we usually mean with that term today is some
sort of head-mounted display (HMD) where the
displayed picture is motion tracked so that the image in
the display correspond to where the user is looking,
creating a seamless look into the “virtual reality”.
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Along with the display are usually headphones which
creates a binaural audio experience. This binaural
output is also synchronised with the motion tracking
giving the user a dynamic binaural listening
experience. This would mean that a sound source
located north of the user would continue to be
perceived to come from that direction when the user
turns their head around. There are also virtual reality
installations with fixed speakers located around the
user in surround-like layouts. These installations are
however relatively rare as they require a much more
complicated setup in comparison to a pair of
headphones.

In general, there are two different ways to produce and
distribute audio for VR; channel-based or object-based
audio. With object-based audio, every sound source is
discretely encoded and associated with information
such as location, direction, amplitude and
reverberation. A normal usage-case for object-based
audio are game engines where sounds, as with other
objects in a 3D world for example, are placed at
specific locations throughout a game and are rendered
to the user depending on variables in the game, such as
the location of the player or other types of game logic.
Other examples of object-based audio are technologies
such as Dolby Atmos or DTS: X where discrete sounds
are given locational data and can be panned in a 3D
space. (Rumsey, 2016)

Channel-based audio is what we’d call a typical mono,
stereo or surround signal where multiple sounds are
mixed together into one or multiple channels.
Information about for example location is in this case
encoded into the different channels. For example,
instead of a specific sound source having meta-data
attached to it about its location, the sound can be
panned between different speakers in a stereo or
surround system. But a channel-based system doesn’t
have to mean that a channel = a speaker. M/S
(mid/side) stereo is one such technique.

Ambisonics could be described as a three-dimensional
extension of M/S-stereo with added channels for height
and depth. A traditional first order ambisonics B-
format consists of a sound pressure or sum signal (W),
which can be likened to the M in an M/S-signal,
whereas the W-signal is a sum of all the other channels
and behaves as an omnidirectional microphone. There
is then an X-signal for front-back, Y for left-right (the
S in M/S), and a Z-channel for up-down. Since
ambisonics inception in the 1970s, there are now so
called higher-order ambisonics which adds groups of
more selective directional components to the B-format.
(Rumsey & McCormick, 2014)
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Figure 1: Visual representation of the Ambisonic B-format
components up to third order.
By Dr Franz Zotter <zotter@iem.at> - Dr Franz Zotter

<zotter@iem.at>, CC BY-SA 3.0,
https://commons.wikimedia.org/w/index.php?curid=30239736

Both an object-based signal as well as a channel-based
ambisonics signal can be utilised for virtual reality for
decoding in either a loudspeaker setup or for dynamic
binaural rendering. While there are examples of object-
based audio being used for electronic music, such as
Dolby Atmos at the Ministry of Sound nightclub in
London, UK (Robjohns, 2017), a channel-based
recording makes more sense for a recording of classical
music and most other acoustic music. In these
scenarios, we want to capture an entire sound field,
with the entire orchestra in an acoustic space rather
than discrete individual instruments. While this might
be possible to achieve with a smaller ensemble, it
would be very difficult to achieve in practice with a
symphony orchestra. It should also be noted that it
wouldn’t be impossible to capture a wider sound field
in an object-based setting, but that there could be a
whole lot of different considerations to take into
account.

Previous research

Given that virtual reality in its current form is a
relatively new development, there’s little scientific
literature available. However, Jacuzzi, Brazzola &
Kares (2017) have presented a case study for producing
a live broadcast from the Vienna State Opera. In this
production they placed a 360° camera and an
ambisonics  A-format  microphone  (Sennheiser
AMBEDO) in front of the conductor in the orchestra pit.
The placement of the VR microphone and camera in
the experiment could not disturb either the conductor,
the musicians or the audience so the microphone
couldn’t be placed very high. The position in front of
the conductor was chosen as it provided an excellent
view of the performance and a reasonable acoustic
image of the orchestra. The signal from the VR mic
was then routed to a Pro Tools HD system along with
spot microphones that had been split post-fader from
the FOH-desk at the venue. The signals from all
microphones were then live mixed within Pro Tools for
broadcast where the spot microphones were paned
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utilising “a variety of ambisonics plugins” (none are
mentioned by name) to fit together with the ambisonics
microphone and picture. Informal tests were also made
by utilising the post-fader FOH mix instead of a
dedicated VR mix for the virtual reality broadcast.
After a few attempts the authors found that a dedicated
mix was necessary to achieve the best results. The
authors also mention that most of the plugins and tools
available for virtual reality when the paper was written
are primarily focused on post-production and not on a
live workflow. While they provided their own
workflow for creating a live ambisonics stream, there
weren’t at the time of publication any available content
providers supporting live streaming of ambisonics
available to the public. But since both non-realtime
streaming of 360° video with ambisonics and realtime
streaming of 360° video without ambisonics were
already a reality, the authors predict that it will only be
a matter of time until ambisonics can be fed to live 360°
videos on different publicly available platforms.

While Jacuzzi et al. (2017) explored the complete
workflow for, in this case, a live broadcast, the authors
also bring up some interesting points regarding
microphone placement and techniques. In terms of spot
microphones, it is important to consider that a FOH
engineer might mic an instrument differently than a
broadcast/recording engineer would as the latter might
want to capture the entire instrument from a short
distance (for example piano) while a FOH engineer
might want to put the microphones much closer or into
the actual instrument itself.

Another conference paper (Riaz, Stiles, Armstrong,
Lee, & Kearney, 2017), documents different
microphone configurations and recording techniques
for ambisonic processing in order to deliver an
interactive VR music experience during a music
recording session in Studio 3 at Abbey Road Studios,
London, UK. One of the goals of this recording session
was to create recordings of all these different
techniques for further scientific evaluation.

For this recording session, microphones were put up at
three different locations in the room where VR video
was captured at two of these locations. The band
consisting of two guitarists, on bassist, one drummer
and a vocalist were placed in a pentagon, facing
inwards towards each other. In the middle of this
pentagon was one of the VR camera rigs placed (GoPro
Omni) along with a number of different microphone
arrays directed towards the drummer. These were a
Neumann KU100 dummy head, a MH Acoustics
EM32 Eigenmike, a Soundfield ST450 MKII, an
ORTF-3D Surround array and an Equal Segment
Microphone Array (ESMA) based on the “four
segment array” proposed by Williams (as cited in Riaz

et al., 2017). The drummer, bassist and vocalist were
placed to the *front’, whilst the two guitars were set to
the far left and right just behind the camera. The
rationale for this arrangement was to over-exaggerate
the positioning of sound sources over 360¢ creating an
increased sense of envelopment. The second array
position was positioned at the rear of the studio. The
objective for this position was to capture a 180° view
of the musicians and provide a different perspective for
the VR experience with a Samsung Gear 360 camera.
A stereo x-y pair (facing the drum kit), a Sennheiser
AMBEO, an OCT-9 surround array and a Perspective
Control Microphone Array (PCMA) was placed at this
location. A third location was at the far rear end of the
studio, behind both other arrays with microphones at a
height of about 3-3.5 meters in order to capture the
diffuse sound field and a greater sense of the recording
space. An IRT Cross, a Hamasaki Cube (a modified
version of the Hamasaki Square) and a Soundfield
ST450 MKII was used. In addition to this, spot
microphones were positioned and recorded on each
instrument by Abbey Road engineers using their usual
techniques and workflow. In total, 122 channels were
recorded simultaneously in the session for each take.

Riaz et al. (2017) provide insight into the logistics
involved in making such a complex recording session
come together and while one might argue that a
standard music recording session, even for VR, might
not usually involve 122 channels of audio, there are
still plenty of insights that are applicable to recording
audio for VR. The authors mention that the ambisonics
mic and ORTF-3D array were practical due to their size
and housing and which could be very useful in a field
recording scenario or when the microphones need to be
discrete. In contrast, the Hamasaki Cube had to be
assembled with individual microphone stands for each
microphone which took up a lot of floor space in the
studio. For monitoring, a separate binaural monitoring
system was setup alongside the 5.1 surround speaker
system in the control room which utilised Reaper and
ambiX plugins.

While Riaz et al. (2017) did not present any formal
listening tests as part of this paper, the authors do
present a few informal and personal observations based
on some initial comparisons to the different
microphone arrays. Listening to just the spot
microphones did not yield a strong sense of the
recording space due to a lack of room ambience being
captured as the microphones were placed so close to
each source. However, localisation with just spot
microphones is very good, albeit with compromised
distance perception. The combination of spot
microphones and individual arrays inside the pentagon
of musicians works well to aid localisation of
individual sound sources and capture more of the
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room’s ambience inducing a greater sense of the
recording space. The arrays at the far back of the
recording space seem to further improve the perceived
sense of the recording space at the cost of localisation
accuracy.

While both Jacuzzi et al. (2017) and Riaz et al. (2017)
present good examples of both recording techniques
within VR as well as showcasing how these techniques
can be used in real-world scenarios, we still need a way
to properly compare and evaluate experiences within
VR in order to fully justify and rationalise their use.
While the research for how to evaluate virtual reality
specifically is still in its infancy, there is a lot we can
learn from related fields.

A recent study (Olko, Dembeck, Wu, Genovese, &
Roginska, 2017), highlights the fact that as production
of audio for virtual reality (VR) experiences is
advancing rapidly there’s a need for appropriate
attributes that can properly describe the auditory
perception in VR and that are able to highlight certain
characteristics. In comparison to other fields and
industries where there are well-established and
consistent terminology, the words that are used to
describe sound tend to be highly personal and not
always that consistent across subjects in a listening test.

In this preliminary study (Olko et al., 2017), the
methodology has been inspired by another paper (Berg
& Rumsey as cited by Olko et al., 2017) where subjects
were asked to describe how one out of three stimuli
were different from each other and how the other two
stimuli were similar. However, in this study a method
was used where subjects generated their own bipolar
constructs based on a triad of A/B pair comparisons of
the recorded stimuli. As such, they didn’t rate the
stimuli in any way, subjects only created their own
scales on how two recordings differed to each other.
These attributes where then grouped together and
analysed in order to make out common attributes,
which was the goal of the study.

Four different musical recordings were made of a
choir, a rock band, a solo cello and a percussion
ensemble. A 360° video was captured using a Giroptic
360° camera. The audio was recorded using both sound
field and object-based capturing techniques. To capture
the soundfield recordings, the Sennheiser AMBEO VR
microphone was used for all of the stimuli recordings,
except for the percussion trio recording. In this case,
the double MSZ technique was used. Various spot
microphones were placed on individual musicians to
capture the performance from a close perspective.
These were later encoded in Ambisonics by the
renderer. Each recording was then mixed into three
different versions; one with only the sound field

microphone, one with spot microphones and artificial
reverb and one with the sound field and spot
microphones mixed together. Two different
reverberations were applied to the stimuli audio mixes
by randomization. The first one utilized the Facebook
Spatial Workstation plugin by activating the “Room”
parameter. The second reverberation method utilized
was a stereo convolution reverberation, which was
applied during the encoding stage. All stimuli were
normalized to an integrated measurement of -15 LUFS.
The three different audio mixes were rendered in
ProTools HD using the Facebook Spatial Workstation.
A Samsung S7 smartphone together with a GearVR
device was used together with headphones for
playback together with the Facebook 360 application.

The groups of scales identified describing sound in
relation to head movement during the analysis were;
change of sound during head movement, sound balance
during head movement, localization during head
movement, width during head movement, depth during
head movement, externalization during head
movement and clarity during head movement. This
preliminary study was the first attempt to investigate
sound quality attributes in 360°. (Olko et al., 2017)

In a study around multichannel microphone techniques
(Kim, de Francisco, Walker, Marui, & Martens, 2006),
four different compositions for solo piano that were
judged to be representative of different stylistic periods
were selected as stimuli in an experiment. These were
recorded using four surround microphone arrays; a
Polyhymnia Pentagon, a Fukada Tree, an OCT with
Hamasaki Square and a Soundfield MKV. Each array
was positioned and balanced in order to optimise its
perceived sound quality instead of being positioned
solely based on theory. All compositions were played
under the exact same circumstances with the same
pianist. During a blind preference testing where 36
listeners participated, listener preference was found to
be influenced by musical selection. This means that
the preference for a certain technique can vary
depending on the particular interpretation/performance
of a given composition. As such, any future work that
is comparing preference in a similar fashion to this
study should consider the way stimuli can influence
preference amongst listeners, even of the exact same
instrument.

As previously mentioned, virtual reality is still in its
infancy. Considering this, there might be certain
research questions that might be more logical to pursue
from a purely academic point of view for this study.
However, this study aims to approach this subject from
a practical point of view. There’s a need to gain insight
into the technologies that are currently available and
with the difficulties associated with working with new



Comparison of sound field microphone techniques for classical music recordings in virtual reality

technology. The previous research presented will as
such predominantly influence the choices made for the
methodology of this study.

Method

Recording of stimuli

The stimuli were recorded during an orchestral
rehearsal session for the Royal Swedish Orchestra
which took place at The Royal Swedish Opera’s
rehearsal space in Gaddviken, Stockholm, Sweden.
”Fedora”, an opera by Umberto Giordano, was
rehearsed during this session. A multitrack audio
recording was made as well as a 360° video.

Figure 2: Close-up of the Sennheiser AMBEO microphone,
the GoPro Fusion 360° camera and the Double MSZ-array

Three different microphone techniques were used; a
Sennheiser AMBEO microphone, a double MSZ array
(Geluso, 2012) and a surround INA-5 array. These
techniques were chosen as they are three different
approaches to ambisonic capture. The Sennheiser
AMBEQO is a purpose-built microphone for ambisonic
recording while the double MSZ-array is a different
approach to ambisonic capture that in this case has
been built with “conventional” microphones. The INA-
5 array was used as to see how well a surround array
could function for ambisonic capture. The AMBEO
microphone consists of four capsules arranged in a
tetrahedron which creates a four channel ambisonics
A-format output. The double MSZ-array is a further
development on a conventional M/S arrangement and
the double M/S which adds a second M-microphone
facing backwards. For the complete double MDZ-
array, a second figure of eight microphone is added to
capture height information (the Z channel in
ambisonics). The INA-5 array consists of five cardioid
microphone arranged in a layout based on BS.775

(International Telecommunication Union [ITU], 2012)
and measurements from Sitek & Bozena (2011).

All microphones as well as the camera were placed at
the same location right behind the conductor. Both the
AMBEO microphone and the double MSZ were put
slightly below the 360° camera at a height of approx.
220 cm. As the AMBEO and Double MSZ techniques
would carry height information, they had to be as close
to the camera as to provide a coherent sound to the
video. The height was chosen so that the camera could
clearly see the entire orchestra without its view being
blocked by either the conductor or any microphones.
The INA-5 array was at a height of 273 cm. For the
double MSZ array, four AKG C314 microphones were
used. The INA-5 utilised five Neumann TLM 103 D
through a RME DMC-842 controller/interface. All
channels were recorded on a Windows PC in Merging
Pyramix via a Merging Horus interface over AES67.
Video was captured with a GoPro Fusion 360°camera.
A complete equipment list can be found in the
appendix.

For the listening tests a 45 second excerpt from the
second act of the opera was chosen as stimuli. This
particular excerpt was chosen as it contains both parts
where the whole orchestra is playing as well as parts
where only individual instruments where playing. This
was to both give the experience of hearing the sound of
the orchestra as a whole as well as just a few
instruments at a time to give the listener a clearer
example for rating localisation.

Post-processing

Audio

All post-processing took place within the Cockos
Reaper DAW utilising plugins from the Ambisonic
Toolkit (ATK) (Version 1.0 beta 10) and ambiX
(Version 0.2.7) suite of plugins. The four channels of
the A-format signal from the AMBEO microphone
were processed using the included VST-plugin which
outputs a four channel ambiX signal. The signals from
the Double MSZ were manually routed and summed to
their  corresponding  B-format channel.  The
microphones in the INA-5 array were encoded utilising
the ambiX encoder and positioned in the ambisonic
space according to ITU BS.775 (ITU, 2012). The size
parameter was adjusted so that the different sources
would blend together.

The different microphones/arrays were bussed were
sent to a binaural decoder bus which included an
ambiX rotator and an ambiX binaural decoder utilising
the YouTube decoding preset. The YouTube decoding
preset is based on measurements from the SADIE
binaural database and consists of HRTF measurements
from a Neumann KU100 dummy head with a cube
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loudspeaker configuration (“Google/SADIE binaural
filters,” 2017). This preset was used as YouTube is one
of the biggest platforms for distribution of VR content
today.

Video

The recorded files from the 360° camera consist of two
files, one from each camera capturing a 180° view.
These two files where then “stitched” together to create
one complete 360° video using GoPro Fusion Studio.
During this process, all picture stabilisation and
D.Warp compensation was turned off and colour
settings were set to default. The rendered video file was
then edited into the 45 second stimuli in 4K using
Adobe Premiere Pro CC.

Listening test

For the listening test, three different stimuli were
created, one for each microphone/array which were all
loudness normalised. After the stimuli had been
played, the subject was asked to rate the stimuli
according to the previously instructed attribute on an
interval scale of 0-10. The subjects where asked about
and gave their rating orally while still wearing the VR
equipment. The order was randomised, and every
stimulus was played twice, once for each attribute
rated. l.e. tree stimuli were played asking for one
attribute and they were then repeated, randomly, again
when asked for the second attribute. The order of the
attributes was also alternated. Each subject listened to
a total of six stimuli and a total of 12 subjects
participated in the study. The listening test took place
at the authors living room at his place of residence.

The attributes that the subjects were instructed to rate
the stimuli according to were “naturalness” and

“localisation”. Both of these attributes have been
derived from previous research (Berg & Rumsey,
2003; Olko et al., 2017). The attributes were not
explained to the subjects.

Playback of stimuli was through a HTC Vive virtual
reality system and a pair of Audio Technica ATH-
M50X headphones. Video was played through the
GoPro Player while audio was played back through
Reaper. Timecode as well as pitch and yaw data from
the VR headset was synchronised from GoPro player
to Reaper and the ambiX rotator plugin using the
SpookSyncVR (Version 0.7) software, enabling audio
and video playback in real-time.

After the listening test, subjects were asked about how
much previous experience they had with recorded and
live classical music as well as virtual reality on a scale
of none, occasional, monthly, weekly or daily.

All of the subjects were audio technology students at
Luled University of Technology. This was to ensure
that all the subjects were experienced listeners as they
were considered to have a better understanding of the
attributes and would have a better potential of
understanding them. Subjects were encouraged to
move their head around to look and listen around
during the test. While the entire test was conducted in
Swedish, the risk of misinterpretation between
Swedish and English translations in this particular
scenario were deemed to be minimal.
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Results
Table 1: Results of paired t-tests
Localisation t p
AMBEO - DMSZ 1.7272 0.1121
AMBEO - INA-5 3.3166 0.0069
DMSZ - INA-5 0.2614 0.7986
Naturalness t p
AMBEO - DMSZ -0.2966 0.7723
AMBEQO - INA-5 1.5714 0.1444
DMSZ - INA-5 2.2385 0.0468

df=11 ¢=0.05 t¢i=2.2010

Localisation
10

Hl AMBEO [ DMSZ [ INA-5

Figure 4: Boxplot of responses for localisation

Naturalness

B AMBEO O DMSZ [ INA-5

Figure 5: Boxplot of responses for naturalness

Analysis

From the t-test results displayed in table 1 we can see
that AMBEO is significantly better than the INA-5
array in terms of localisation and that the double MSZ
array is significantly better than the INA-5 array in
terms of naturalness with a 95% certainty. We can
however also see that the AMBEO performs better than
the double MSZ array in terms of localisation with a
certainty of 89% and that the AMBEO microphone also
performs better than the INA-5 for naturalness with
85% certainty.

From figure 4 we can see that the AMBEO microphone
scored the highest on average score for localisation
slightly higher than both the double MSZ and the INA-
5 arrays. In figure 5, the double MSZ score slightly
higher on average than the AMBEO for naturalness. It
should however be noted that the spread of results
across all the techniques for both attributes is relatively
high.

The INA-5 array has the lowest scores for both
attributes. This is not too surprising because of the
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array itself and its rendering. The five microphones
have been panned as five sources in a first order
ambisonics format and then later been rendered in four
virtual speakers for the binaural decoder. These
multiple conversions create a number of issues,
especially regarding phase.

The double MSZ has been rated highly for naturalness
but didn’t rate as high for localisation. Because of the
configuration of the double MSZ, the two “M-
capsules” that were in a cardioid pattern and made up
the content of the X-signal would combined almost
make up for 360° coverage. This means that sound
coming from the side would end up in the X-signal and
be rendered as coming from the front or behind the
listener. However, the double MSZ setup did still score
high on naturalness which might be because of the
sound of the AKG C314 microphones rather than the
double MSZ technique itself.

The AMBEO microphone scored high for both
localisation and naturalness but had a slightly lower
mean score than the double MSZ for naturalness. This
was also the only native A-format microphone in this
comparison. Based on the results in this study, it is
possible that the tetrahedral configuration of the
AMBEO makes for better localisation in general.

As shown in figure 6, previous experience amongst test
subjects for both virtual reality and classical music in
general was very low but the average score across all
listening tests were still above average (6.07). It is
possible that a more experienced sample of subjects
would rate the stimuli more critically and possibly with
higher accuracy. It is also possible that the relatively
low picture quality of the visual stimuli might have
influenced these results. One could also argue that the
lack of any current recording conventions for classical
music in VR leaves people without a clear reference

point which could possibly make them less critical of
the stimuli presented.

The big spread between subjects could also be seen as
an indication that subjects had a difficult task of
scoring the different stimuli with such limited previous
experience. Itis also possible that the new, and for most
people very unusual, sensation of using virtual reality
might have shifted subject’s attention away from the

task itself.
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Figure 7: Average score of test order across all subjects

However, as we can see in figure 7, the order of the
stimuli presented doesn’t seem to have had any
significant impact on the results.
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Figure 6: Previous experience amongst subjects
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Discussion

This study compares three different sound field
microphone techniques for virtual reality. The three
techniques that were chosen can be seen as three
different solutions to the same task from the point of
view of a sound engineer new to VR. There’s the
AMBEO microphone which is a finished solution out
of the box for ambisonics and recording sound for VR,
the double MSZ which is an attempt to build an
ambisonics array out of a common microphone setup
(a double M/S) and the INA-5 array which was to see
if a technique for capturing sound for a surround
system could be used for ambisonics and VR. While
comparisons of microphone techniques for ambisonics
have been made in the past, there’s not a lot of research
around the effects of microphone technique when it
comes to virtual reality and there’s a visual associated
with the picture.

For the listening test, only one piece of music was used.
A selection of recorded pieces might have been more
useful to distinguish certain attributes between the
different techniques. Previous research (Kim et al.,
2006) does also show that the selection of music can
have a significant impact on listeners preference for
different surround sound techniques. Because of this,
focus was instead put into making sure that the one
piece of music was of the highest quality, hence the co-
operation with the Royal Swedish Orchestra and The
Royal Swedish opera. While the recording did take
place during a rehearsal instead of a show, this instead
made it possible for us to place recording equipment in
its most optimal position without having to consider
the view of an audience for example. The only
considerations that had to be made in terms of
placement was to ensure that the conductor’s view of
the orchestra wasn’t obstructed and that the conductor
himself didn’t obstruct the view of the camera.

Another consideration is of course that the AMBEO
mic and double MSZ array had to be as close to the
360° camera as possible as these two arrays also carried
height information. On the other hand, the
microphones couldn’t be placed so that they obstructed
the view of the orchestra in any way. The AMBEO mic
could’ve been put directly underneath or on-top of the
camera to hide it from the view of the camera.
However, as the double MSZ array takes up a
considerable amount of space and was therefore much
more obtrusive to the view, it was decided to put them
both on at the side of the camera. This made the all of
the microphones in the test, including the INA-5 array,
visible to the subjects while not being obtrusive to their
view of the orchestra. There could be a small
possibility that subjects had previous experience of
ambisonics recording techniques and therefore

recognised the different techniques because they were
able to see them. While the effects of this probably are
negligible it could still have been eliminated
completely from the final visual stimuli during the
post-process if the necessary resources are made
available.

The post-processing part of a virtual reality production
of any kind seem to consist of many different steps and
pieces of software with few tools available for an
integrated workflow. To simply work with virtual
reality visuals together with sound required multiple
pieces of software apart from the DAW itself; a 360°-
video player (GoPro Player), a middleware for
synchronisation between DAW and video player
(SpookSyncVR) and a control software for the VR
headset itself (SteamVR). As the camera did not have
any input for timecode, all recordings had to be
manually slated and synced to audio in post manually.
The sync between video player and DAW isn’t perfect
either and often falls out of sync and needs to be reset.
The video also had to be stitched together before even
being able to edit or view it properly through the GoPro
Fusion Studio software, a process that took an entire
night on a top-spec PC for a 90 min clip.

It should also be noted that the picture quality wasn’t
optimal which might also affect how the subjects
experienced the aural stimuli as well. Either the lower
picture quality means that the demand on the overall
sound quality is also lowered in a sort of suspension of
belief. It could also mean that subjects get more critical
of the aural stimuli as the visual stimuli is lacking. The
fact that most subjects had limited or no experience at
all with virtual reality might also affect this as they
might have had expectations that were either surpassed
or not met.

A criterion for the subjects were that they had to be
considered experienced listeners which in this case
meant that they had to be audio technology students at
Luled University of Technology. However, there was
no criteria relating to previous experience with either
virtual reality or classical music. While it is possible to
stipulate that subjects that are more experienced might
be more critical, it is also possible that they are simply
rating stimuli according to whatever recording
convention that they are used to and are therefore
biased towards what they’ve previously heard.

In the conducted listening tests, stimuli were played
one after one with subjects asked for their score in-
between. The subjects had no way of controlling the
playback of stimuli or to set and control their ratings as
this would have required development of a listening
test interface for virtual reality. The other option would
have been that the subjects controlled the environment
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themselves through a desktop PC, but that would have
meant that they would’ve had to take the VR headset
on and off every time they wanted to use the interface.
As this would’ve been very cumbersome as well as
possibly disorienting for the subjects, the method of
having the subjects orally give their scores was chosen.
Ideally, the subjects should’ve had the possibility to
control the playback and set the scores themselves in a
MUSHRA-like interface. This would’ve enabled them
to better compare stimuli and possibly set more
accurate scores.

From the t-tests, we have found two significant results;
that the AMBEO performs better than the INA-5 in
terms of localisation and that the double MSZ array
performs better than the INA-5 in terms of naturalness.
It should however be said that this might as well be a
result that is more representative of the type of
technique rather than the actual technique itself.

The opposite could possibly be true as well. In this
context, naturalness for example could incorporate a
number of factors such as audio-visual coherence,
localisation, sense of space, timbre etc. This means that
certain qualities associated with the microphone and its
capsules, rather than the technique/array, might have
an influence on results.

It is also possible that the specific circumstances of this
particular study might have had an effect on the results
of the individual techniques. It is possible that the
results would have different if other types of encoding
and decoding was used. It is also possible that the
specific binaural decoder might have had an impact,
both on individual techniques and the test overall as
subjects preference for different decoders was not
studied.

This study also seems to indicate that virtual reality is
still far away from mass adoption judging by subject’s
previous experiences. Especially considering that the
entire subject pool was made out of relatively young
students studying within the field of technology.

Further research

To take a virtual reality project from start to finish
involves a wide range of different technologies and
fields. Especially if you move beyond just audio.

While a subject such as first-order ambisonics is
relatively well researched and explored on its own, the
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implications for implementation within virtual reality
remains relatively unexplored. Especially when it
comes to higher-order ambisonics where there are
multiple conventions for both component order and
normalisation. The same difficulties are true for
decoding with different distribution platforms utilising
different binaural decoders. Because of this, the same
content could potentially sound widely different
depending on what platform it’s being distributed on.

There are also questions to be asked about how much
impact the visual stimuli have on a listener’s perception
of audio in a virtual reality setting. Does for example
the picture quality have any implications on how the
sound is perceived, if any at all? How critical is the
coherence between the visual perspectives to the aural
perspective, i.e. how far apart can you put your
microphone to your camera?

In order to investigate this and many other aspects of
sound in VR there’s also a need to further investigate
the logistics of conducting a listening test in virtual
reality. The development of a test interface to use
within a virtual reality environment could potentially
enable subjects to get better control of the stimuli they
are evaluating while being able to still be fully
immersed in the VR environment without external
distractions.

There might also be bigger implications beyond both
audio and technology in general to take into
consideration. Will virtual reality have an impact on
the fundamentals of how we make any type of
reproduction of a stage performance for an audience
that is not physically present? Is it even possible to
create truly immersive virtual reality content based on
the current stage/audience paradigm or will this
technological advancement also have an impact on
how any stage performance is produced?
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Appendix
Equipment list
Recording

Pcs Equipment

1 Sennheiser AMBEO VR

4 AKG C314

5 Neumann TLM 103 D

1 GoPro Fusion

1 RME DMC-842

1 Merging Horus

1 Merging Pyramix

Post-production/listening test

Pcs

14

Equipment

Cockos DAW

GoPro VR Player
SpookSyncVR

Adobe Premiere Pro CC
GoPro Fusion Studio
Ambisonic Toolkit

ambiX

HTC Vive

Audio-Technica ATH-M50X

Usage

Sennheiser AMBEO VR

Double MSZ-array

INA-5 array

360° camera

AES52 controller/interface (for TLM 103 D)
AES67 interface, preamp

Recording DAW

Usage

Processing/playback DAW

Video playback

Middleware for sync between Reaper and GoPro VR Player
Editing of video stimuli

Stitching/rendering of 360° footage

Ambisonic plugin suite

Ambisonic plugin suite

VR headset

Headphones



