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Since the advent of commercial music recording in the mid 1900s, an entire industry has 

been born concerning itself with making music records available to the masses. As with any 

technology -based industry, various advances have come about over the years (for 

example more advanced distribution formats a nd differing recording techniques) but only 

recently have steps been taken in new ways of recreating the atmospheric immersion felt 

by listeners at live concerts. For many years, stereophonic recordings have used various 

techniques to recreate a 3D sound s tage  (Chanan, 1995)  but due to the limitations of 

stereo (examined below), and the hardware complexity associated with more immersive 

systems, the adoption of full three dimensional sound recording and playback systems has 

been  limited.  

 

Ambisonic surround sound is a technology pioneered in the late 1960s as an alternative to 

conventional stereo recordings, which allowed reproducing of sound in two or three 

dimensions , as well as improved playback on two speaker systems . The basic principles are 

an ex tension of A.D. Blumleinõs M-S record ing technique (using phase interaction between 

two microphones to create a 2D sound stage) pioneered in the 1930s. Al though Ambisonics 

was never a commercial success, it has witnessed a number of revivals over the last forty 

years, and several record companies continue to release ambisonic productions to this 

day.  

 

Whilst stereo was an established recording technology, another limiting factor was that 

many people were not able to place the two ( left and right) speakers at ideal room 

positions, and so (due to stereo recordings having a discrete left and right channel to play 

identically on every system regardless of speaker position) users did not experience the 

ôsurroundõ effect intended. Quadraphonic (four speaker surround) systems suffered a similar 

problem ð even with good speaker placement the four speakers were 90ě apart, and so 

holes in the surround image became apparent (Gerzon, Criteria For Evaluating Surround 

Sound Systems, 1977) . 

 

Ambisonic systems overcome this issue by recording and communicating microphone 

pickup levels on different planes rather than discrete speaker signals. A simple (2D) system 

records three directional sound components corresponding to ideal microphone pickup 

patterns and it is up to the ambisonic decoder to distribute these between the individual 

speakers in the userõs sound system. Not only does this dramatically reduce the number of 

transmission channels needed for a surround system, but also allows each decoder to 

compensate for varying physical positions of speakers without affecting the userõs 

perception of a recording. In addition to first order ambisonic systems (three or four 

channels), recordings can also be made using more chan nels to add further information 

and reinforce the surround sound space ð a second order ambisonic system uses nine 

transmission channels and a minimum of twelve speakers are required to convey all 

recorded information (Gerzon, Per iphony: With -Height Sound Reproduction, 1973) . 

Since ambisonic systems were first conceived and constructed in the 70s and 80s using 

complex analog electronics systems, modern computer technology has brought about the 

possibility of usin g digital processing to both produce, encode, and decode music and 

sound for surround systems. In recent years, digital production and mastering of stereo 

media has become increasingly common (with the majority of newly released audio media 

being digitally  mastered), and a huge number of software products have become 

available which not only allow mixing of multitrack stereo recordings but also apply 
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advanced digital effects such as reverb and EQ to tracks. With this in mind, capability now 

exists to apply similar software technology to enhance the standard of mastering and 

production of synthetic surround and ambisonic material ð for instance through 

mathematically modelling virtual room spaces and sound sources rather than using simple 

signal panning.  

Whilst, commercially, software exists for mixing sound for discrete surround sound systems 

(such as Dolby Digital), ambisonic mixing and DSP is a relatively unexplored field. This 

project aims to create both hardware to decode ambison ic signals for listening in a 

periphonic (with height) array, and explore software signal processing to manipulate and 

mix individual sound sources in an ambisonic three dimensional sound field. As stated in the 

initial report, the following main objective s are being pursued:  

 

¶ Creation of a first order ambisonic B format hardware decoder, to feed eight 

speaker outputs configured as a cubic array.  

 

¶ Construction of aforementioned small scale cubic speaker array for testing and 

monitoring.  

 

¶ Implementation of a software system to provide playback of B format ambisonic 

files. 

 

¶ Creation of software VST (Virtual Studio Technology) plugin to provide ambisonic B 

format encoding of monophonic sound input in terms of azimuth & elevation.  

 

¶ Advancement of VST plugin to provide acoustic modelling of sound sources in a 

virtual space, to provide a greater sense of depth within the ambisonic soundscape.  

 

This last point will provide the greatest challenge within the project, and the 

creation/advancement of a software plugin will make up the vast majority of semester two 

work to come . From a literature review conducted prior to project commencement , it 

appears that little work has been done in space modelling for ambisonic systems so far, 

and whilst creation of a first order a mbisonic system in itself is a relatively simple 

undertaking, design of a space modelling plugin is intended to make this project unique.  

 

Further advancements to this project are also possible, and will be undertaken depending 

on the success of the object ives listed above. These advancements are outlined below but 

will not be detailed in this initial report:  

 

¶ Surface material modelling within aforementioned VST plugin.  

o More advanced conventional stereo digital reverb systems have the ability to 

model surface materials in a virtual space, by applying characteristic 

equalisation to each reflection ð this could be added to an ambisonic plugin 

but would use considerable CPU power.  

 

¶ Construction of a higher order ambisonic speaker array and decoder, such as  a 

dodecahedral (12 source) 2 nd  order WXYZRSTUV system. 

o Many papers (Malham, Sound in Space 2000 Ambisonics Presentation, 2000)  

(Gerzon, Periphony: With -Height Sound Reproduction, 1973)  report vastl y 

improved perception of an ambisonic recording when using higher order 
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systems; however no natural recordings have been made above first order 

format.  

 

¶ Improvement of transient response when panning sources across the ambisonic 

sound field.  

o Sharp changes  in position of a virtual source within an ambisonic space could 

cause undesirable transient effects when encoding a source into B format ð 

the ability for a software plugin to smooth these responses is desirable.  

 

In addition, the proposal of a multi -form at plugin outlined at project initiation has been 

deemed unfeasible as an objective, as further research and development (Gardner, 1992)  

has indicated that significant architecture changes to software would be required in order  

to code reverb for discrete surround systems. The possibility of using a B format output signal 

and then geometrically mixing down to discrete formats is technically very achievable, but 

this is unlikely to give optimum effects due to the information loss  from first order ambisonic  

encoding . 
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The following section outlines current research into fields relevant to  this MEng project, and 

summarises any theoretical knowledge that is likely to form a basis for technology used in 

the design and completion of the entire system.  

Whilst the intricacies of music production history are not relevant to the final objectives and 

outcomes of this ambisonics project, a brief overview of how technology in this fie ld has 

progressed over the past century may provide some context to the circumstances in which 

this work is being undertaken.  

 

The first commercial recording system was invented by Thomas Edison in 1877 ð the 

phonograph. It used a vibrating stylus to embos s sound information into a rotating cylinder 

coated with tin foil (Chanan, 1995)  and played sound back through a diaphragm 

mechanism. As this technology progressed into the gramophone in the early 1900s, 78 

r.p.m. vinyl records  began to be pressed and sold, and at this point recording was still 

made using rudimentary microphones and styli (with copies being mechanically 

duplicated from the original pressings).  

 

As demand grew and technology progressed, the reel -to -reel tape rec order was 

introduced for recording music. Les Paul invented and put into production the first 

multitrack tape recorders (for the first time allowing performers to layer multiple 

instrumental/vocal tracks onto records at different times) in 1948  (Gronow, 1998) , and 

developments of this magnetic tape technology were used for production until the advent 

of digital music production in the 1980s. Most pop music in the 1950s to 1980s was recorded 

using multitracking and later pressed from tape to vinyl, and it was in this time that 

commercial record sales really took off ð 200 million records were sold in the USA in 1980 

(Chanan, 1995) .1958 saw the beginning of stereo record releases, finally giving listene rs a 

sense of 3D immersion in their music. Quadraphonic systems comprising four speakers were 

also released in the 1960s, but never took off due to a number of fundamental practical, 

commercial, and technical flaws (see below).  

 

Eventually, with computing  power increasing, digital recording methods came about. 

Thomas Stockham built a 50kHz sample rate, 16 -bit digital tape system in 1975 , and the first 

CDs were published in Japan in 1982 (Chanan, 1995) , establishing  an all -digit al path from 

mastering to playback. As multimedia computer systems came about in the  1990s, so did 

the first commercial digital sequencing applications, and since then much of the recording 

industry has resorted to using computers as the basis for music production. As a 

consequence, a number of systems now exist for digitally manipulating sound in stereo and 

more advanced formats, and can be used by anyone with a capable computer system.  

The techniques involved in recording, encoding, and decod ing ambisonic surround sound 

were first published by Michael Gerzon and Peter Felgett in the early 1970s (Fellgett, 1975) , 

with a number of other researchers also playing a large part. Gerzonõs paper, ' Periphony: 

With-Height So und Reproduction' (Gerzon, Periphony: With -Height Sound Reproduction, 

1973) outlines the basic theory used to this day in system design, which will be summarised 

here.  
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Ambisonic encoding uses harmonic decomposition on a sphere (Gerzon) to decompose 

the sound pressure at a point in space into a set number of directional components. This is 

a dramatically different approach to that of conventional surround sound systems, in that 

an ambisonic recording contains multiple directional  components rather than a set 

number of discrete speaker channels - a complete representation of sound recorded in 3D 

space can be approximated by recording several virtual microphone responses in different 

directions, regardless of how many speakers are t o be used for listening.  

 

Harmonic decomposition can be used to a varying extent to produce ambisonic 

recordings. A 0 th order system, as illustrated by Gerzon, uses one transmission channel and 

simply records sound on an omnidirectional microphone, as show n left (Leese) . 1st order 

systems however, by far the most common in commercial ambisonics, expand this to four 

transmission channels ð WXYZ. The W channel is identical to the omnidirectional pickup of a 

0th order system, but t he XYZ components add three directional ôfigure of eightõ 

microphone pickup responses as shown below. Conveniently, this configuration can be 

(and frequently is) recreated by physical microphones and is the main technique used in 

recording ambisonic produc tions (Elen, Ambisonic Mixing - An Introduction, 1983) . First order 

systems can convincingly replicate 3D sound and it is these systems that this project will 

concentrate on in the most depth.  

 

Figure 1: WXY&Z 

Ambisonic 

Component 

Pickup Patterns  

    
 

2nd  order systems then use nine transmission signals and increase soundfield stability further 

(Malham, Homogeneous and Non -Honogeneous Surround Sound Systems, 1999)  by using 

ôclover leafõ pickup patterns. These patterns are mathematical functions and no 

microphone has been created that can replicate their theoretical response, however the 

amount of information that they can transmit creates an incredibly stable sound field for the 

listener, conveying a much greater degree of directional definition (Malham, Sound in 

Space 2000 Ambisonics Presentation, 2000) . Third order systems use sixteen transmission 

channels but these are yet to be subjec t to research in any great depth.  

 

As the order of a system increases, the directionality of the transmission channels and 

spatial resolution continues to increase ð in order to convey total spatial surround sound a 

system with infinite microphone capsules , each with an infinitely unidirectional response 

would be required (Gerzon, Periphony: With -Height Sound Reproduction, 1973) . One of the 

most useful aspects of Ambisonics however is that playback of higher order recordings can  

be achieved on lower order decoders ð as recording order increases the first transmission 

channels remain identical, as the added channels simply start correcting omissions in the 

lower channels.  

 

Ambisonic decoding methods are another major advantage of the system over 

conventional surround sound. Due to the recording and encoding process as shown 

above, ambisonic decoders can reproduce an optimal sound no matter what speaker 

configuration has been used, as reported in (Malham, Experience With Large Area 3D 

Ambisonic Sound Systems, 1992) . In particular, ambisonic developers realised that many 
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home users do not have ideally placed (60ě apart) stereo speakers but may place them on 

top of bookshelfs or on the fl oor (Elen, Whatever Happened To Ambisonics?, 1991) (Gerzon, 

Criteria For Evaluating Surround Sound Systems, 1977)  and an ambisonic decoder can 

consider and compensate for this.  

 

Decoding ambisonic si gnals is done simply by summing B format ambisonic signal inputs in 

proportions based on a speakerõs physical elevation and azimuth. For a first order system 

these proportions are quite simple trigonometric calculations (Malham, 3-D sound for virtual 

reality systems using Ambisonic techniques, 1993)  and a system known as the Furse -Malham 

set has been published for decoding higher order systems ð this system and proportions for 

some common array types are shown in (Furse, 2000). More advanced decoders also 

compensate for varying distances from the listener by adjusting amplitude and phasing on 

certain components, this is an area which will be explored as part of the spacial modelling 

aspect of the proj ect.  

A number of ambisonic VST plugins are already available from both researchers and 

commercial organisations around the internet; these are listed below.  A more detailed 

overview of thes e plugins is provided in t he initial report (October 2010).  

 

¶ Daniel Courvilleõs B2X Suite - http://www.radio.uqam.ca/ambisonic/b2x.html  

A comprehensive set of tools to encode/decode a variety of formats into B format 

and UHJ. Written using SonicBirth, a modular VST compiler for Mac OS. 

¶ D.G. Malham / University of Yorkõs B-suite  - 

http://www.york.ac.uk/inst/mustech/3d_audio/vst/welcome.html  

Malham is one of the foremost ambisonics experts in the world, and 

decoder/panner plugins are available  on his website, coded as VST plugins.  

¶ Aristotel Digenis Ambisonic Translation plugins  - http://www.digenis.co.uk/  

Third order B format decoders with configurable speaker positioning, as well as 

Bidule patches for encoding/processing.  

¶ Bruce Wiggins / University of Derby ôWigwareõ - http://www.d erby.ac.uk/staff -

search/dr -bruce -wiggins  

Another set of VST plugins for decoding/panning B format signals. A reverb plugin 

based on an Apple convolution engine is also available but appears to apply '2D' 

reverb to signals rather than spacialise them geomet rically.  

The other main aspect of this project is the creation of a software processing system using 

Steinberg's VST audio/MIDI plugin standard (Steinberg Media Technologies GmbH, 2009 ). 

VST plugins are industry standard software applets for use in digital audio workstations and 

sound manipulation software, and the technology has evolved over the last thirteen years 

since its introduction in 1996 (Russ, 2004). It is only with the evolution of computer music 

technology in general that this standard has come to exist, and its implementations have 

been gradually developed (the latest VST standard is version 3.0).  

 

The VST SDK is based on the C++ object oriented  programming environment, and in order 

to develop software for this project this SDK will be learnt over the course of the year. A full 

set of documentation is provided by Steinberg for free, and many example plugins are 

available on the internet for testi ng and evaluation. This project will be designed using the 

VST 2.4 SDK as defined at project initiation by the project supervisor, for compatibility and 

support purposes.  
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The final, software part of this project is based upon the  principle of adding spacial 

information to a surround signal, so as to make it appear to originate from a depth other 

than directly on the ambisonic arrayõs edges. A number of techniques are used by listeners 

to perceive location and depth of sound, and t hese are discussed (Bronkhorst, 1999) : 

¶ Amplitude  attenuation . For familiar sounds (where the listener already has an idea of 

how loud a sound should be), attenuation due to distance of a sound source is a 

cue to how far away it  is. Amplitudinal attenuation is easily obtainable in software, 

but unfortunately does not provide a particularly strong psychoacoustic cue for 

listeners unfamiliar with sounds they are hearing.  

¶ Speaker Diffusion. In surround sound systems, sounds appearin g to come from 

multiple speaker sources are perceived as nearer in general, although again this is a 

weak psychoacoustic cue (Gardner, 1992) . 

¶ Reverberation. The strongest cue to most listeners, in a number of studies  (Mershon, 

1975), (Von Bekesy, 1961)  has been shown to be based on familiar reverberation 

effects. This project will attempt to simulate common reverberation effects in virtual 

rooms, in order to allow a listener to perceive a monophonic source at a particular 

virtual location. Two main types of digital reverberation have been developed over 

the past fifty years, and they are overviewed below.  

Convolution reverb is a relatively calculation -friendly method of creating rea listic 

reverberation of digital sources using pre -recorded room characteristics. Whilst computer 

have only in the last twenty years become powerful enough to produce convincing 

convolution reverb results, it is still significantly less processor intensive then the algorithmic 

approach detailed below.  

 

Convolution reverb works by mathematically convolving an audio waveform (the source) 

with a digitally manipulated recording of a roomõs impulse response. Each impulse (or spike 

in the waveform)  then serves as  the equivalent of one room reflection, both in terms of 

amplitude and delay, and the resulting file sounds similar listening back to the effect of the 

sound source being played in the sampled room (Griesinger, 1989) .  

 

Impulse responses are traditionally recorded by travelling to a desirable venue, then 

recording the roomõs response to a sharp impulse type sound (for example a loud electrical 

spark). The resulting waveform is then either used directly as an impulse response file , or 

manipulated digitally slightly to make processing easier . One huge drawback of this system 

is that once an impulse response has been recorded there is no way of altering reverb 

dimensions or source/listener positions ð one set of responses simulates a  set location, and 

this cannot be changed. For this reason, convolution reverb will not be used in this project 

(as the brief requires changes in the position of a source).  

A more intelligent model for creating artificial reverb is to ca lculate theoretically a roomõs 

response to input sounds. The algorithmic approach to digital reverberation attempts to 

calculate delay times and reactions off surfaces in a virtual room, in order to delay and 

attenuate copies of the source sound accordingl y. Given the speed of sound in air, and 

characteristics / dimensions of walls and objects in a room, reflections from a sound source 

can easily be calculated.  
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Whilst this sounds straightforward, this method has a number of downfalls. First and foremost 

is the fact that real rooms do not have ideal reflective surfaces ð in addition to attenuation 

real surfaces introduce sound diffusion at different frequencies, a nd responses vary across 

surfaces too. Thus, far more than simply room geometry must be considered, and this 

makes the algorithmic approach more complex to simulate. Secondly, processing power 

considerations must be accounted for ð real reverb decays expon entially for infinite time, 

and the number of calculations a computer needs to perform in order to simulate reverb at 

44kHz sample rate over just three or four seconds is massive.  

 

In reality the performance of a system to perform algorithmic reverb can be simplified. If 

only the significant early reflections are simulated (the top thirty or so in terms of amplitude), 

the ôtailõ of the reverb can be simulated by an omnidirectional diffuse component. Real 

reverb diffuses on walls, especially at high frequencies, and a high pass filtered pseudo -

random reverb tail added to the effect not only masks low amplitude reflections, but also 

adds a sense of realism to the effect, and studies hav e shown monophonic algorithmic 

reverb systems to be successful (Scroeder, 1961) . 

 

A clear advantage of the algorithmic approach is the ability to recalculate room sizes, 

materials, as well as source and listener positions. This ability has recently led to experiments 

using multiple ôperformerõ positions in virtual space simultaneously, with the belief that it is 

the interaction between performers at different locations in a room that contributes to a 

realistic reverb (Christensen, 2001) . It is also this ability that makes the algorithmic approach 

particularly suitable to this project ð as it allows both source and listener to be moved, a key 

objective.  
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The project (as outlined in aims  and objectives, above) can be split into two major parts ð 

hardware and software development. The ambisonic hardware development has been 

the project's main focus for semester one, with an overview of the system's provided in the 

following section,  and de tails of construction in 'Progress Summary' . With this hardware in 

place, the majority of project development for semester two will be spent on software DSP 

development.  A block diagram showing signal flow through the proposed system is shown 

below.  

 

Figure 2: Diagram Showing Signal Flow Through Ambisonic Processing System  

Development and construction of a working ambisonic speaker array and decoder is the 

first and most important objective in this project. Of t he variety of configurations available, 

a first order cubic array has been chosen for two primary reasons. Firstly, as a system, it can 

reproduce sound in three dimensions (Gerzon, Periphony: With -Height Sound Reproduction, 

1973) (periphonic meaning ôwith heightõ) and thus allows the monitoring and experience of 

periphonic VST plugins easily. Other systems exist using fewer speakers to perceive 3D 

sound, but a cube configuration has been previously shown to provide much more sta ble 

perception of a continuous 3D soundfield. Secondly, the cube configuration is physically 

and mechanically a simple array to rig; for arrays constrained to the size of an 

undergraduate lab work area, upper and lower speakers for each corner of the syste m 

can be mounted directly above/below one another on the same stand.  

 

The constructed eight speaker cubic array is decoded from first order B format signals 

generated by either a pre -existing ambisonic recording or by a B format signal generator 

on board the computer system's VST host. Also included in the system design is the option to 

process signals taken from an external analog input (for flexibility) although currently this 

facility has not been implemented, as it is not necessary for testing purposes . In addition, 

latency issues associated with software processing and sound card digital/analogue 

conversion may mean using a live input is ineffective.  

The ideal dimensions of an ambisonic cube array for this project is not currently known,  

however the majority of research in this field has been performed on small format ôliving 

roomõ size arrays, and due to the space restraints in the undergraduate lab in which this 

project will be conducted, an array size of more than 3m on each side is li kely to be 

unfeasible. As an aside, large format (concert hall) ambisonic systems have been shown to 

suffer problems (Malham, Experience With Large Area 3D Ambisonic Sound Systems, 1992)  

with image perception, and higher order s ystems are often needed.  
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In response to these factors, a 2m cubic array was specified, which is thought to be small 

enough to be physically manageable within the lab, yet large enough to provide a 

reasonable ambisonic image for a listener inside of it. In itial testing has indicated thi s to be 

an effective compromise, although it has become evident that decoder adjustment may 

be needed to tune the rig for a larger 'sweet spot' for the listener.  

Design of the speaker array itself was based  on the requirement for the system to be 

practical and safe in its installed environment (the School of Electronic Engineering 

undergraduate laboratories), as well as various parameters set out from reviewed literature 

and research. A design utilising four  pairs of small multimedia speakers was settled on, 

arranged in a 2x2x2m cube configuration, as per the specification outlined above. In order 

to raise the upper speakers in the ambisonic array, four adjustable microphone stands will 

be used, positioned on  the lab workbench surface, and extended just over a metre, to 

provide 2m separation  from lower set (located on the floor).   

 

Each vertical 'stereo pair' of speakers (consisting of an active 'left' speaker and passive 

'right' speaker) will be fed a stereo  signal from the ambisonic decoder, consisting of the 

lower signal (on the 'left' line) and the upper signal (on the 'right' line).  

 

 

Figure 3: Isometric Diagram Showing Ambisonic Cube Rig Design  

 

For a listener sat centrally within the array, an ambisonic recording should be reproduced in 

periphony to a high degree of realism, above the 200Hz or so lower cut -off frequency of 

the small speaker cabs used. Many ambisonic performance systems also feed the W 

component of the sound to a sub -woofer (to reproduce lost lower frequency sound 

components on all directions). Whilst the surround characteristics of these components are 

lost, it is of little effect ð low frequency sound within a room is usually dif ficult for a listener to 

place directionally due to wall reflections and wave superpositioning. A low frequency sub -

woofer speaker may be included in the rig for this project at a later stage if it is deemed 

necessary by listening tests (no provision needs  to be made in decoder design for this as 

the signal can be taken directly from the computer's sound card W feed).  

The theory of decoding a WXYZ ambisonic signal into periphonic surround for 8 speakers is 

extremely straight forward, as outlined in sections above. Given that in the speaker array 

specified, all sound sources are equidistant on the surface of a virtual sphere, the B format 

sound components must only be amplitude mixed to produce each speaker feed. Decode 

matrices are provid ed by (Furse, 2000) (and are show in the appendix) showing signal 
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proportions for a cube array, and the following decoder circuit (reproduced and slightly 

adapted from (Malham, Ambisonic Decoder, 1996 ) uses a number of op amp 

configurations to invert and mix the four input signals into upper/lower left/right/up/down 

outputs as shown.  

 

Figure 4: Basic B Format First Order Ambisonic Decoder for Equidistant Cube Array  

The first stage of the circuit (ôB format Buffers & Invertersõ) buffers and invert the sound signal 

inputs into the circuit, to produce both in and 180ě out of phase WXYZ components to mix 

to the output signals. The XYZ directional components also have variable gai n 

potentiometers on the input side in order to compensate for odd array spacing, should 

they be needed.  The following stages then simply mix the required signal levels into each 

of 8 speaker outputs, and a further op amp circuit buffers the output signals . Fabrication of 

this circuit, along with relevant component and material choices are shown in the 'Progress 

Summary' section below.  

A somewhat higher level design component of the ambisonic system is choice of the 

computer to provide ambisonic e ncoding, and host the VST software plugin that is the 

focus of this project. It is required to take at least one monophonic sound input and relay it 

to four digital outputs, the signals on which are first order ambisonic B format components.  

 

Initially, a number of options were available for the signal processing/development, and 

audio output stage of the project: a number of Windows PCs and associated software, an 

Apple Macintosh laptop, and two USB sound cards. Further to testing and development 

throughou t the term, the final system design utilises the Apple Macbook Pro connected via 

an M -Audio Fast Track Pro USB sound card (see appendix) in order to take a sound input 

(live or playback), process it ambisonically, and simultaneously output the four first o rder 

ambisonic components required for the cube array decoder at a suitable sample rate 

(currently 48kHz). The main motivations behind choosing to develop the software system on 

MacOS rather than Windows are mostly subjective, and outlined as follows:  

 

¶ Standard amongst music technologists / producers. Whilst there is a preference 

towards PC -based systems in electronic engineering circles, it is still apparent from 

literature reviews undertaken that most users of ambisonic technology and most 

music produc ers have a preference towards MacOS for audio applications. Whilst 

VST plugins compile to both platforms supposedly seamlessly, developing on MacOS 

makes it much easier to publish a stable plugin to a target group of mac users.  



Jon Tutcher   14/03/2010  

Page 14 of 43 

¶ Development Environment fami liarity. Apple XCode is used to program VSTs on OSX, 

and is a software application familiar to the writer after work on other OSX 

applications . 

 

Availability of VST host applications was also considered, and not deemed  a concern - 

there is a plethora of av ailable software to run VST plugins on both platforms, and the 

choice to use both Logic Studio and Plogue Bidule for development / testing was made 

after auditioning various windows and mac based software packages.  

 

Plogue Bidule for Mac OSX  

 

 

Figure 5: Screenshot of Plogue Bidule for Mac OSX  

Plogue Bidule is a relatively new piece of software designed as a live performance tool for 

electronic  musicians, and can easily manipulate any number of live MIDI/audio inputs and 

outputs s ubject to the host computerõs processing / hardware restrictions . It works using a 

flowchart/patch -based system, similar to that of analogue sound processing, where 

instruments / effects are represented by blocks and inputs/outputs are shown as nodes on 

the top/bottom of the blocks respectively. To create a Bidule  system, the user creates link 

wires between inputs, DSP blocks (such as VST plugins), and outputs, and then uses the 

individual user interfaces of each, or MIDI control, to manipulate sounds.  

 

For the projectõs ambisonic software testing environment, a simple Bidule  file will be 

created linking an audio file player block (in this case the Apple AUFilePlayer Audio Unit) 

through the development VST plugin, and out through a DirectSound output module (the 

sound card). The current Bidule  patch version is explained in the following section and 

shown in the appendices.  
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Logic Studio for Mac OSX  

 

Apple Logic Pro is a leading Digital Audio Workstation software package, and was until 

recently an undisputed industry standard amongst digital recording professionals. It is still 

used by a large proportion of music producers (exact figures not available) , and has 

routing/mixing facilities laid out similar to those of a physical recording studio. Whilst it is 

unlikely this software will be used for final testing of the VST plugin (the modular layout of 

Bidule is much more intuitive and easily navigable), Logic (and its array of inbuilt software 

effects and instruments) has proved useful in diagnostic testing of the ambisonic array, and 

will also be used as a compatibility test for VST development.  

 

Figure 6: Screenshot of Logic Pro  Ambisonic Bus Arrangement  ð ôMixerõ View 

 

Also worth mentioning is Cycling ô74s Max/MSP package, which is extensively used by music 

technologists, researchers, and performers worldwide. A number of ambisonic plugins and 

systems have been built for this pl atform (see (Wakefield) ) but it is unnecessary to use the 

software for this project - all the functionality required can be implemented in VST 

programming and advanced flowchart based sound processing as in Max/MSP is not 

requir ed.  

 


























































