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Introduction

	
 Surround, spatialized, and 3-dimensional sound are integral components in modern visual 

art and entertainment. Since the 1930s, through the evolution of audio-visual media, including 

film, interactive multimedia, and video games, the inclusion of some form of multi-channel audio 

content remains constant (Holman, 1).  Furthermore, during the last decade, visual and audio en-

tertainment trends and technologies are collectively converging more than ever before toward a 

central concept : immersion.  

	
 While humans experience sound naturally in three dimensions, audio professionals at-

tempt to create a more realistic, or hyper-realistic entertainment experience through the use of 

multi-channel surround sound mixing. The reproduction of surround sound program material re-

lies upon post-production mixing workflows and loudspeaker arrangements which have been 

specified by standard conventions in the audio industry.  The most widely followed standard, in-

troduced in 1992,  is known as the International Telecommunications Union Recommendation 

for multi-channel mixing  (ITU-R 775 BS) specification for 5 loudspeaker channels and .1, a low 

frequency effects channel (Lund, 1).  Consumer driven markets also follow this specification in 

terms of theatrical presentation and ideal home listening.  Tomlinson Holman puts it bluntly,  

“Five-point-one channel sound is the standard for multichannel sound in the mass market to-

day”(1).  Whether the consumer and theatrical markets are the cause or effect of this trend is be-

side the point; surround sound technology has been steered down a specific channel defining 

path.   

	
 Apart from the technical specifications that are used in mixing and reproduction, there is 

no guiding rule that guarantees the best surround sound mix, only best practices that have been 

passed down from one audio engineer to another throughout the short life of surround sound 
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mixing. On the fringes, or outside conventional workflows, other methods of surround sound 

techniques and spatialization exist.  These methods and techniques have not been introduced into 

conventional mixing workflows used by audio engineers.  Proponents of a spatial audio encoding 

and decoding strategy, ambisonics, claim that this system of recording, synthesizing, matrixing, 

and playback offers potential solutions to some inherent problems with dominant forms of sur-

round sound mixing and reproduction.  

	
 Recently, developers have devised methods to port ambisonic techniques into the mixing 

workflow of conventional surround mixing studios and digital audio workstations using the ITU 

775-R BS specification for 5.1 speaker configurations. With regards to these tools, I pose the fol-

lowing questions:  How can ambisonics integrate seamlessly into conventional studio post pro-

duction mixing, and what benefits would it provide?  Do ambisonic techniques offer enhanced 

options for audio professionals to improve surround sound given the tools they use for mixing?  

	
 This thesis attempts to answer these questions by engaging in a three part research study.  

Part one consists of a survey of twenty post-production professionals who regularly mix sur-

round program material. Questions about popular workflow techniques both inform and reinforce 

the research based qualitative and quantitive segments of the thesis, parts two and three. One of 

the central goals of this thesis is to provide evidence for the validity of real-world methods and 

techniques that can be used in the everyday toolkits of post-production professionals.  By reach-

ing out to professionals currently working in the field, it is possible to gain insight on the most 

relevant and up to date working methods.

	
 Part two of the study is a scientific quantitative signal analysis comparing two software 

based panning tools.  Each tool takes the same two-channel stereo signal and spatializes the 

sound via a 5.0 ITU-R BS 775-1 qualified mixing workflow, the most conventional multi-
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channel surround as identified in the survey from part one. The first software tool is from a popu-

lar and conventional digital audio workstation, often referred to as the industry standard, Avid’s 

Pro Tools (also identified as the most widely used panning system in the survey). The second 

panning tool used in the comparison is from a suite of plug-ins designed by ambisonic proponent 

Daniel Courville customized specifically for this study.  These plug-ins use technologies derived 

from high order ambisonic decoding to render B-Format ambisonic audio into the 5.0 loud-

speaker system.  The various test and real-world audio samples were recorded by a binaural hu-

man head simulated microphone and analyzed in the time and frequency domain to detect simi-

larities and differences. 

	
 Finally, part three of the study involves a human subject listening test. The listening test 

uses the same 5.0 setup as the objective test, with a human subject in place of the binaural head 

microphone.  In this experiment, the test stimuli are not test signals, but rather, real-world sound 

scenes, made with conventional panning tools from Pro Tools, and compared with Daniel Cour-

ville’s custom ambisonic plug-in set.  Subjects are asked to evaluate their experiences directly 

after each stimulus is presented.  Since this research is primarily concerned with the listening ex-

perience for film, video, or multimedia soundscapes, a human’s subjective experience and input 

is highly valued, and that experience can provide insight where signal analysis falls short.
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 Background

	
 The concept of spatialized audio dates back as far as 1940 for movie theater presentation,  

only thirteen years after The Jazz Singer premiered as the first synchronous sound film. Walt 

Disney along with Bell Laboratories, invested tremendous amounts of money and research into a 

reproduction system called Fantasound.  First premiered as the accompanying sound system for 

the animated film Fantasia, Fantasound was the first theatrical effort to use spatialization audio 

techniques to accompany motion picture visuals. The 1941 Journal of the Society of Motion Pic-

ture Engineers states that one of the goals of the Fantasound system was to expand on a central 

point-of source speaker for music and effects, add spatial dimension by localizing on screen 

sound to other areas of the theater, and to move sound from one place to another across the sound 

field (Garity, Hawkins).  Some of the basic principles of Fantasound are still with us today.   

From the mid 1970’s through the 1990’s and beyond, Dolby pioneered several surround systems 

for movie theaters, which formed and solidified the basic framework on which modern surround 

methods and studio workflows are based.  

	
 However, in the consumer market, surround sound has only recently become an essential 

component, through its increasing role in the design of video games, DVD and Blue-Ray home 

viewing, high definition television, and multimedia.  From an audio mixing engineer’s perspec-

tive, mixing program material in surround is suddenly an imperative and critical skill-set.  In 

1992, based on the film work from the past, and as a projection of what was to come, the audio 

and video industry adopted the International Telecommunication Union’s Recommendation: the 

ITU-R 775 BS standard for Multichannel Stereophonic Sound System with and without accom-

panying picture.  
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 As the proliferation of surround mixing was expanding inside the professional mixing 

studio, development of spatialized and 3-dimensional audio was simultaneously emerging in 

academic and scientific circles.  Once such area of interest has its roots in the ideas of an Oxford 

mathematician, Michael Gerzon, who pioneered a surround recording, encoding, and decoding 

method known as Ambisonics.  As explained by Gerzon’s close collaborator, Peter Fellgett, in a 

1975 article for Studio Sound:

Ambisonics is a technology for surround-sound which aims specifically at not making 

four, (or any other number) of loudspeakers audible as separate sources of sound...It 

claims wide freedom of recording methods and of source material, as well as protection 

of recorded material from obsolescence (Fellgett, 20).

Ambisonics extends the original ideas of Alan Blumlein’s theories of stereophonic techniques 

into multi-channel 3-dimensional spatialized audio.  As explained further by Fellgett, an ambi-

sonic system takes its inputs from a soundfield microphone or by synthesizing the input via a 

surround panner.  This information is then encoded in a specific format, called B-Format and 

then decoded  and presented through a loudspeaker array for listening.

	
Figure 01. Source: Fellgett 21
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 The four channel B-format encoding is essential to the ambisonics workflow,  both in its 

simplicity, and in its ability to use a combination of the B-format components to create  “‘virtual’ 

microphone patterns pointing in any direction in 3D space” (Wiggins, 149).  B-Format encoding 

consists of four coincident microphone (or virtual) polar patterns.  These are first made up of 

three figure-of-eight patterns pointing front/back, left/right, and up/down, named X, Y and Z, re-

spectively.  Added to these signals is a omni-directional pattern, scaled by .707 for a more even 

distribution over the four channels referred to as W. Figure 02 shows a graphical display of B-

format polar patterns.

In mathematical terms, the polar patterns can be thought of as:

	
 •	
 X = SigIn*cosA*cosB (front-back)
	
 •	
 Y = SigIn*sinA*cosB (left-right)
	
 •	
 Z = SigIn*sinB (up-down)
	
 •	
 W = SigIn*0.707 (pressure signal)

 Ambisonics reproduces a sound field with these four audio signals, collectively called B-

Format, which can be decoded out to an even number of four or more loudspeakers. Higher 

Figure 02. B-Format Polar patterns. Source: Wig-
gins, 157

Source: Wiggins, 156
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numbers of loudspeakers further increases resolution.  For optimum results, the loudspeakers are 

required to be in a symmetrical configuration, and to include periphony (height) at least 6 speak-

ers are required (Gerzon, 24).  Proponents of ambisonics applaud the system’s ability to repro-

duce a stable and realistic immersive sonic image with a very large defined listening area, or 

sweet-spot.

 The ITU-R 775 BS standard that has been adopted by the audio industry for surround 

mixing precludes the use of traditional ambisonics for several reasons:

1)  The speaker array required in the technical document is made up of an asymmetrical ar-

ray of an odd number of loudspeakers.  This does not fit in with the requirements of a 

proper ambisonic loudspeaker array. 

2) Methods of mixing do not utilize ambisonic techniques.  The ways in which sound is spa-

tialized by the engineers over ITU qualified systems is done through the means of pair-

wise panning using amplitude, time, or a combination of the two.  This style is partially 

defined by limitations of source signals (mono, or multi-mono), limitations of 5.1 sur-

round recording methods, and common methods passed down from one engineer to the 

next.

3) The equipment in the mixing environment is not set up for Ambisonic reproduction.  ITU 

qualified mixing digital audio workstations, such as Digidesign’s Pro Tools, or multi-

channel consoles can not easily accommodate the decoding needed to properly mix an 

ambisonic signal.

	
 As Bruce Wiggins points out, decoding equations for an irregular 5 speaker array is not 

an impossibility for ambisonics, but “solving this system is laborious at best” (Wiggins 155).  
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However, Wiggins states that “up until 2003, no method of deriving decoders for irregular 

speaker arrays was published until the author [Wiggins] presented a heuristic based approach

using a modified tabu search algorithm for generating decoders for any arbitrary array automati-

cally” (Wiggins, 155).  

	
  In a 1973 article titled “Periphony: with Height Sound Reproduction,” Michael Gerzon 

was already thinking beyond the first order B-Format, as he introduced the idea of higher order 

microphone systems based on spherical harmonics.  This theory, in  accordance with the research 

of Dr. Bruce Wiggins, and Dave Malham, has led to the use of higher degrees of harmonic polar 

patterns to improve both regular and irregular ambisonic panning and decoding.  As shown in 

Figure 03, spherical harmonics U, S, R, T, and V, with tighter polar patterns are added to the 

original W, X, Y, Z to realize second order ambisonic synthesis.  

Figure 03. Third order spherical harmonic polar 
patterns. Source: Wiggins 158
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 Richard Furse and Dave Malham have been instrumental in publishing higher order de-

coding equations.  In addition, the ambisonic plug-ins customized by Daniel Courville for use in 

this study utilized a 5th order implementation as an extension of the Furse-Malham coefficients.  

This higher order ambisonic technique is used to virtually pan the source signals in a horizontal 

only array and eventually decodes properly over the 5.0 speaker array used in my research. See 

Appendix 2 for more information.  

 While the decoding of ambisonics to ITU-R 775 BS speaker arrays has been generally 

accepted for making ambisonic recordings of (mostly classical) music translate to consumer 

home stereo systems, many proponents of ambisonics argue that conventional non-ambisionic 

surround spatialization is already adequate for film and video post-production.  The most com-

mon ideology is the one expressed here by Bruce Wiggins in his PhD thesis: 

...the five speaker layout, as specified by the ITU... is predicated on a stable 60° frontal 

image, with the surround speakers used only for effects and ambience information.  This 

is, of course, not a big issue for films, but as computer games and audio only presenta-

tions are based around the same, five speaker, layout, this is not ideal (3).

While I agree with Wiggin’s idea that accurately simulated space is essential,  I fundamentally 

disagree with his statement here that a higher degree of spatialization is unnecessary in the con-

text of film sound.  

	
 I can understand why this is a common mode of thinking. In film, the visual action and all 

important dialog occurs in a fixed position in front of the viewer, and thus the peripheral sound 

around the listener is subordinate to the sounds in the frontal plane and not in need of accurate 

spatialization.  This is true for elements of a film soundtrack such as dialog, and even most hard 

sound effects.  However, as I learned from experience as a film sound designer, every scene has a 
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bed of underlying ambience. This ambience, which often exists as a stereophonically recorded 

beds of sound (though many engineers are now recording in B-Format), such as city urban envi-

ronments, underwater ambience, or even the cockpit of a spaceship, are essential elements in 

creating the seamless diegetic world in which the narrative unfolds.  If ambisonics is truly capa-

ble of a stable enveloping sonic image with a large sweet spot, as it has been reported, then it 

should be employed for sound design in film and video.  Daniel Courville sums up these ideas in 

his abstract for a lecture:

Now, with the advent of affordable digital signal processing, intuitive software program-

ming environment, and easy access to communities and knowledge through the Internet, 

we’re seeing a rebirth of ambisonics. It can now be used as a general tool kit for audio 

production, at home in mainstream stereo and various surround sound formats, efficient 

in sound to picture productions and interactive installations in museums. (Courville Ab-

stract, 1).

Motivation and Goals

	
 The the ability for portable and affordable computer based digital audio workstations to 

effectively process and reproduce multichannel audio arose as a direct product of the high speed 

computer processing boom in the late 1990s and early 2000s.  As I  surveyed the trends in digital 

audio during my first few months at NYU, I was intrigued by the volume of work by composers 

and sound artists employing digital audio workstations, and open ended applications like Cycling 

74’s Max-MSP, C-Sound, Java, etc., to fully explore the creative potential of spatialized sound.  

At the same time, I was puzzled that virtually none of these exciting and boundary-pushing de-

velopments had made their way into the techniques and workflows of audio engineers working 

on sound for film and video post-production.
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 I arrived at New York University after eight years of working professionally in audio 

post-production in San Francisco. I thought back to all of the engineers, studio personnel and 

software engineers I had crossed paths with during this time, which corresponded directly with 

the aforementioned rise in digital audio and spatialized audio. I could not recall many of these 

audio professionals expressing interest or speaking of new developments and strategies of spati-

alizing audio.  Even though these audio post-production professionals (including myself) were 

actively involved in surround sound mixing, using digital audio workstations, and creating spati-

alized sound environments to accompany visuals, it seemed that the world of post-production 

operated in a much different realm than the spatial audio experimenters and composers during 

the same period of time.

	
 I embraced this puzzle as a  compelling avenue for my research: to investigate the possi-

bilities of integrating the creative inspiration of the more experimental spatialized audio commu-

nity with the studio practices of post-production audio.  I began by asking the questions: Why is 

there a disconnect? What is preventing the direct adoption and use of these new developments 

and techniques in spatialized audio? Was it just stubbornness and an unwillingness to change? Or 

were there more deeply rooted, technology based systems in place blocking the direct adoption? 

	
 Getting more specific, I investigated several novel technologies in spatialized audio. The 

first spatialized audio technique I looked into, Wavefield Synthesis, was immediately intriguing 

in its ability to reproduce realistic sound scenes with an extremely large sweet spot listening area. 

On the surface, it seemed like the holy grail for the future of post-production, due to its elegant 

and simplistic theoretical basis.  Based on the theory, I found that WFS would be perfect for 

large theatrical audiences, and unpredictable speaker layouts of home systems.  According to A.J. 

Berkout, et al:  
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The underlying theory is based on the Kirchhoff-Helmholtz integral. In this new concept, 

the wave fields of the sound sources on stage are measured by directive microphones; 

next they are electronically extrapolated from the stage, and finally they are re-emitted in 

the hall by one or more  loudspeaker arrays (2764).

While the theories of Wave Field Synthesis techniques are compelling from a film sound design 

perspective, further research illuminated that the implementation of WFS would inevitably pre-

vent it from becoming useful in the post-production workflow.  As explained in UCSB’s Al-

losphere documentation: 

WFS playback spaces generally involve a circle or square of 32-200 loudspeakers. Due to 

the speed of sound, one can calculate the speaker spacing that will be required to recon-

struct wave fronts of a given upper limit frequency. In the general literature, to achieve 

good performance up to 1 kHz, the speakers should be spaced around a circle at distances 

of half of the wavelength of 1 kHz, or about 6 inches apart. (MAT Grad Program/UCSB, 

17).  

While Wave Field synthesis has the potential to convey realistic and immersive sound scenes, the 

transformation of an entire industry’s theatrical and consumer’s home reproduction systems 

would be too great for it to be successful in a venture other than pure novelty. 

	
 Ville Pukki’s multichannel 3D sound, using vector base amplitude panning (VBAP) is 

another intriguing spatial sound theory that I researched.  According to Pulkki’s documentation: 

In VBAP the number of loudspeakers can be arbitrary, and they can be positioned in an 

arbitrary 2-D or 3-D setups. VBAP produces virtual sources that are as sharp as is possi-

ble with current loudspeaker configuration and amplitude panning methods, since it uses 

at one time the minimum number of loudspeakers needed, one, two, or three (1).
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I also reviewed IRCAM’s spat~ software technology, which according to the IRCAM webpage, 

“Its goal is to propose a virtual acoustics processor which allows composers, performers or 

sound engineers to control the diffusion of sounds in a real or virtual space” (1).  As I looked fur-

ther into these two spatial audio systems, it became apparent that unlike Wavefield Synthesis, 

both were free from technical limitations based on channel number.  For IRCAM’s Spat~, its 

web site feature list states that:

The system can be configured according to the reproduction setup. Spat~ is not designed 

to work in a specific reproduction format. Some processing modules are provided in dif-

ferent versions to fit various reproduction setups (a multichannel system, a pair of loud-

speakers or headphones (1).

	
 This preliminary research proved that the technical specifications of 5.1 ITU-R 775 BS 

post production mixing channels do not conflict with at least some of the more compelling spati-

alized audio techniques and softwares, such a VBAP and Spat~.  However, it became apparent 

through further review of these technologies that the disconnect existed not in the channel count 

or angular loudspeaker arrangements, but with the hardware and software workflow needed to 

implement these technologies in the mixing studios of audio professionals. 

	
 The mixing environment of an audio post-production studio relies very heavily on spe-

cific hardware and software. Because post-production audio engineers do not work independ-

ently, they must interface with other professionals who are responsible for other aspects of the 

same project.  In order to remain compatible with graphics, video and web components, the 

workflow must be as transparent as possible.  For this reason, post production studios are com-

monly outfitted with the same technologies, in order to resolve any potential compatibility issues.  

As the survey portion of this thesis reflects, AVID’s Pro Tools is the most common hardware and 
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software platform used. While the Pro Tools platform extends itself with the availability of third 

party plug-ins, the development of these plug-ins is very different from the open ended develop-

ment communities of Max-MSP, C-sound, and Java.  For this reason, spatial sound applications 

like VBAP and Spat~, which are developed for use in open development platforms like Max-

MSP, simply don’t get an opportunity to be used directly in the mixing workflow of a post-

production studio. Even if a post-production studio or audio engineer was interested in the possi-

bilities, the actual implementation of the techniques within the confines of the conventional stu-

dio workflow would require more effort and programming than time or ability would allow.  

Programs like Max-MSP have not yet become part of the skill-set or vocabulary of most mix en-

gineers.  For a spatial audio alternative to become truly integrated in the post-production mixing 

workflow, it would have to be a technology that could be folded more seamlessly into the work-

flow.  This technology would be available in a method that does not require any prior knowledge 

of development or high level programming software.  The technology would be able to work via 

the already established workflow and speaker recommendations.

	
 Ambisonics is different from the aforementioned spatial systems because it is not de-

pendent on any platform or software for its implementation. It is simply a technique of recording 

or synthesizing, encoding, and decoding sound fields.  These techniques, according to my initial 

research, happened to have a great reputation for a large sweet spot and good listener immersion 

among its supporters.  However, even though ambisonics is platform and channel count inde-

pendent (upwards of 4), it works optimally over a symmetrical array of even numbered loud-

speakers. One look at the ITU 775-R BS specification tells you that the 5.1 system array is not 

compatible on either front, it has an odd number of speakers arranged asymmetrically. (See Fig-

ure 04)
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This limitation has been somewhat overcome, with recent developments in higher order ambi-

sonics, based largely on the work by Bruce Wiggins. In an AES paper he states that “optimizing 

the decoders for irregular layouts is not a simple task, where optimization requires the solution of 

a set of non linear simultaneous equations (Wiggins, 1).  He goes on to show how he was able to 

employ Heuristic search algorithms to generate higher order ambisonic decoders that work over 

a 5.1 ITU-R 775 BS  qualified system (Wiggins, 2).

	
 Once I learned that the physical limitations of the 5.1 array could be overcome, I concen-

trated on the implementation of the technology.  Daniel Courville, a professor and researcher at 

UQAM in Montreal, is a name that is hard to avoid when researching ambisonics. As a propo-

nent of the technology, Courville also uses higher order (5th order) ambisonics to create VST and 

Figure 04. ITU-R BS 775 Recommendation. Placement of 5 identical main channel speakers. 

Source: Lund 4.
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AU based plug-ins that work in popular digital audio workstations. Some of these plug-ins are 

designed specifically with 5.1 ITU decoding in mind.  Courville was kind enough to respond to 

my persistent emails, and we began an ongoing email dialogue in the summer of 2009.  We 

found a great deal of common ground concerning his philosophies on the use of ambisonics in 

the workflow of the post-production studio.  One of my concerns was that using ambisonics 

would not be useful for those sounds in a mix where the sound also needed to come from a very 

precise location.  A study by a McGill research group conducted in 2007 showed that one of the 

weaknesses of ambisonics is the inability to localize to a specific speaker.  Some of my concerns 

were based on the findings of this journal paper, which showed that ambisonics scored poorly as 

compared to traditional 5.0 panning in terms of precision of source localization (Guastivino, et 

al, 5).

	
 Courville proposed the idea of a hybrid system, one which  “would enhance the palette of 

the mixing engineer. Dialogs in the center speaker would stay sharply focused, as any sfx that 

would need that much spatial focus. But it would blend with natural or constructed ambiences in 

B-Format [ambisonics] that, while having less sharp spatial resolution,would be totally spatially 

coherent” (1).  This idea is at the core of my thesis. My motivation for pursing ambisonic tech-

niques in post-production are not aimed at replacing any existing technologies, but rather, to en-

hance what is already used. My goals are to raise consciousness and support from the larger 

community of post production engineers.  This would ensure that these plug-ins become more 

common in the development of popular industry standard software and, more importantly, the 

practices of the engineers themselves. One stumbling block at present is the restrictive channel 

format of Pro Tools, which makes the implementation of ambisonic plug-ins like Courville’s a bit 
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tricky. This restriction can be overcome, in my opinion, because it is a reasonable feature request 

in future versions of the software should ambisonics become more popular and in demand.

	
 Throughout this thesis, I attempt to show that ambisonics is a viable counterpart to com-

mon mixing strategies for specific sounds in a film, video, or multimedia sound.  The motivation 

of my research is to suggest that the flexibility of the ambisonics, combined with its tendency to 

provide a seamless and immersive sound-field, shows strength as a valid tool in the everyday 

toolkit of a post production mix engineer.  I acknowledge that this is possible only through edu-

cation and by raising the consciousness of these techniques, and my thesis aims to promote this 

venture.

Approach Methodologies

	
 In order to support my research, topics are addressed through the following motivational 

questions and subsequent approaches in my research:  

1. What specific tools and workflows are being used the most by industry professionals, and is 

there any interest in enhancing or augmenting these tools amongst the community of post 

production audio engineers?  This information is addressed via an online survey of post-

production professionals.  

2. How effective is ambisonics at conveying a viable spatial sound image when it is ported into 

the ITU-R 775 BS qualified loudspeaker configuration?  This topic is addressed by both ob-

jective and subjective testing concerning the stability of the surround image, timbral and fre-

quency characteristics, and overall immersive qualities.  In addition, attention is given to the 

size and characteristics of optimal and sub-optimal  listening positions. To address this, both 

objective and subjective testing include trials at sweet spot and non-sweet spot locations.
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3. Do ambisonic techniques offer enhanced options for audio professionals to improve surround 

sound given the tools they use for mixing?  This topic is addressed by both an objective and 

subjective comparison between identical and similar source material spatialized via the con-

ventional 5.0 Pro Tools panner vs. Ambisonic plug-in panner.

4. How feasible is Daniel Courville’s proposed “hybrid mixing” strategy where ambisonic spa-

tialization and panning techniques are combined with conventional 5.1 mixing styles? This 

topic is addressed in the subjective analysis by the presentation of a film sound scene, con-

taining dialogue, production and background effects. This sound scene is compared with 

background ambiences panned via the Pro Tools panner, versus the same sounds panned by 

the ambisonic plug-in panning tools.

Experimental Design and Implementation

Experimental Design Part One: Survey of Post Production Professionals

A central theme of this thesis is concerned with raising the consciousness of the post produc-

tion audio community. It was apparent at an early stage that the research would benefit from the 

insight of working professionals outside the academic environment.  Luckily, many working pro-

fessionals in the field are active in online communities and forums related to audio post produc-

tion.  These online forums and communities were monitored for several weeks to ensure that 

they would be an appropriate environment to solicit feedback from,  They included:

• Pro Sound Web, REP (Recording Engineer and Producers Forum, 

http://recforums.prosoundweb.com/

• Yahoo sound design group http://groups.yahoo.com/group/sound_design/

• Digidesign User Conference (DUC) Pro Tools Post and Surround group 

http://duc.digidesign.com/forumdisplay.php?f=8
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• Gearslutz.com post production forum 

http://www.gearslutz.com/board/post-production-forum/

• Sursound -- Surround Sound discussion group 

http://mail.music.vt.edu/mailman/listinfo/sursound

My requirements for appropriate forums demanded that a significant percentage of the discus-

sions in the forums be centered around audio post production for film, video or multimedia.  I 

also monitored the forum members, taking note if a large number of the most active members 

were involved in professional work on a daily basis.   All five of the above forums met the crite-

ria, that the members were actively working (sometimes even while posting!), and the topics 

were consistent with topics related to my research.  By using an online survey questionnaire, I 

was able to post the survey to the the forums.  The venue I chose to distribute and collect the sur-

vey is an online service called Survey Monkey (http://www.surveymonkey.com/).  The service 

allows a user to design an online survey, then generate a link to the survey.  Subjects are able to 

answer the questions via an online graphical user interface.  I signed up for a free basic account, 

which allows up to ten questions per survey, collection, and storage of the results. At first, this 

small number of questions seemed limiting, but in the end, it actually helped me hone in on the 

essential questions and keep the survey short and precise. Because I was soliciting busy profes-

sionals, I believe that the brevity of the survey ultimately increased the number of responses and 

made the experience and candor more effective for the subjects.  Questions are presented below, 

followed by a brief explanation of the question’s intent:

1. Do you mix audio for film, video or multimedia in surround?

In order to filter the subjects in terms of their professional experience, the first question acted as a 

filter, which determined whether the answers would be kept.  If the subject answered “no” to this 
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question, their survey was not counted. For obvious reasons, it was essential to only accept an-

swers from those professionals actively mixing in surround.

2. What type of console do you use?

This question helped determine whether the subject used a software based control surface like a 

Pro Tools D-Command, an actual hardware console, or no console at all.  This provided informa-

tion relevant to the research, since the use of a control surface implies that the user is relying 

strictly on software of the DAW to spatialize audio.  If the user is tied to a hardware console, 

there may be other panning systems at work. 

3. What channel format do you mix to in your primary studio? 

This question was useful in determining the conventional surround setup used in everyday stu-

dios.

4. What panning system do you use to mix or spatialize audio to surround? 

The purpose of this question was to probe, more specifically, which type of system is used to mix 

into the surround channels.

5. When you mix sources to surround, what is usually the channel format of the source 

sound files? 

This question was concerned with the source files that are mixed into the surround channels in 

everyday use. It helped select stimuli for the objective and subjective testing research to follow.

6. What aspects of a mix usually get sent out to your surround speakers? 

This question was also concerned with the design of the subjective testing research to follow. In 

terms of constructing potential sound scenes, I wanted to probe which elements of a film mix 

were most commonly mixed into the surround channels. With this info, it was easier to decide 
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which aspects of the mix should be spatialized in the sound scene component of the subjective 

testing.

7. How familiar with the term "ambisonics" are you?

This question probed the familiarity of professionals with ambisonics.

8. How satisfied are you with your chosen panning system in terms of how it spatializes 

audio?

This question dealt with relevant satisfaction with any current panning systems in use.

9. How satisfied are you with the size of the audience sweet spot when panning sound in 
surround?

Here, the question dealt with the engineer’s happiness with the effective size of the sweet spot 

when mixing for theatrical presentation. The answers helped the design of the sweet spot and 

non-sweet spot components of the objective and subjective surveys.

10. Are you interested in alternative surround sound systems or techniques? 

Finally, this question gave an idea of how much enthusiasm exists in the community for moving 

completely to another system, or simply enhancing the system at hand. The other potential an-

swer here declared that there is no interest at all, which was a potential possibility.

	
 The survey, though somewhat informal and blindly submitted, proved to be an extremely 

useful pilot tool, which assisted in the design and implementation of the objective and subjective 

components of my thesis research.  Results are shown graphically in the “Experimental Results 

and Discussion” section of this paper.

Experimental Design Part Two: Objective Signal Analysis

	
 The objective signal analysis component of the research took place on March 3rd and 4th, 

2010 in the research laboratory on the 6th floor at NYU’s Steinhardt Music and Performing Arts 

building at 35 West 4th St., New York, NY.  Test signals were panned in comparable surround 
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locations via either 5th order ambisonics or the Pro Tools Surround panner and played back over 

an ITU qualified 5.0 speaker array,  Signals were received by a binaural dummy head Micro-

phone and later compared in the frequency and time domains.

	
 For the purposes of this research, the .1, or LFE channel of the 5.1 system was discarded. 

Instead, five full range loudspeakers were used, with low frequency rated down to 74Hz.  In ac-

cordance with the  ITU specification the exclusion of the LFE channel is permissible with speak-

ers of this range.  Furthermore, the omni-directional nature of the lower frequencies were not 

useful in signal analysis based on directional cues. It is worth noting, however, that the LFE 

channel may have a significant effect on the concept of “immersion” and should be investigated 

further with relation to this research.

	
 It is also important to disclose that both the objective and subjective testing of this study 

implemented horizontal-only surround systems.  Besides being the industry standard for film, TV 

and Multimedia surround, only horizontal encoding and decoding was possible in the design of 

Courville’s 5th order tools used for the ambisonic panning.  By reducing the number of spherical 

harmonics to the horizontal-only position, the large number of encoding channels are reduced, 

and therefore, possible with simple computer software (Cocko’s Reaper) and hardware 

(MacBook Pro).  As more powerful systems become available, it will be possible to extend the 

ambisonic information into the elevation realm, which is another positive attribute of using the 

ambisonic panning tools.
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Equipment Used

Hardware:

• Genelec 6010A Monitor Speakers (5 used). Free field frequency response 74 Hz – 18 kHz 

(± 2.5 dB). All dip switches were switched off for flat response.

• Mogami low noise XLR cables

• BK Precision Digital Sound Level Meter

• Neumann KU-100 “Fritz” Dummy Head Microphone

• Mac Pro Intel computer running OSX Snow Leopard

• Apogee 16X AD and DA converters connected via X-HD card to Pro Tools HD Core PCIe 

card

• MacBook Pro Running OS X Leopard

• Sound Devices USB Pre

• Strait-Line X-3 Laser pointing angular measurement tool

• Leica Distance measurement meter

Software:

• Mac OSX Leopard and Snow Leopard

• AVID Pro Tools 8

• Logic Pro 9.1

• Cocko’s Reaper Version 3.301

•Matlab Version 7.4

Facility

	
 The new research laboratory, part of the James L. Dolan recording and teaching  facility, 

provided an excellent venue for this research.  The low noise floor, short reverb response (T60 < 
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200ms.), and the ease of loudspeaker placement and arrangement were essential to the success of 

both objective and subjective experiments. 

	
 Dimensions of the room are 12 by 12 by 16 feet.  The reconfigurable ceiling grid allowed 

for exact placement of the sixteen Genelec speakers available, of which I used five.  At the time 

of the objective experiment, a noise floor reading showed a minimum of 52 dB SPL, and a 

maximum of 54 dB SPL (C weighted, slow response). Speakers were placed according to the 

ITU-R 775 BS specification for 5 channel surround reproduction.  Left and right loudspeakers 

were positioned at + and - 30 degrees from the center position. Rear left and right loudspeakers 

were positioned at + and - 110 degrees from the center position.  All speakers were placed 60 

inches from the center point, which corresponded to the center of the KU-100 microphone. Fig-

ure 05 shows some pictures of the setup in the research lab.

Stimuli and Procedures

	
 To create the testing stimuli, source signal test files were spatialized in three different 5.0 

surround system panning styles from their original stereo formats.  To accomplish this task,  

Figure 05. Research Lab at NYU. On the right, the angular measuring tool is shown.
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Daniel Courville’s customized ambisonic plug-ins for the ambisonic stimuli, and AVID’s Pro 

Tools Surround panner were each used. The best attempts were made to perform comparable 

panning schemes between the Pro Tools and the Ambisonic panner for each panning style.  More 

information about Courville’s customized plug-ins can be found in the appendix of this docu-

ment.

 The source files included:

• Full range stereophonic independent channel pink noise in a 44.1 kHz/16 bit .wav file

• Sine Sweep from 0 to 16 kHz in a stereo 44.1 kHz/16 bit .wav file

	
 The full range pink noise and the sine sweep test signals provided information in audio 

frequency data between the different panning schemes.  The full range pink noise contained a 

signal in which each octave carried an equal amount of noise power from 20Hz to 20kHz.  In 

addition, the pink noise was de-correlated as a stereophonic left and right signal. It was used to 

monitor any frequency variations imposed by the different panning systems.  The sine sweep 

signal provided a sine wave swept from 0 Hz to 16kHz over 7 seconds. The sine sweep was a 

multi-mono signal, identical at the left and right channels. This signal provided information 

about how each different panner could spatialize across all frequencies.
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     The digital audio application Cockos Reaper was necessary and essential to spatialize the am-

bisonic material due to its open-ended flexibility of channel numbers and auxiliary sends that can 

be attributed to any track.  In Reaper, the signal flow used to spatialize to the 5.0 matrix is shown 

in Figure 06. 

The original 2 channel source file track was inserted with either Courville’s Stereo to B5 plug-in, 

or the Duo to B5 plug-in, depending on which of the three panning styles were used. These plug-

ins take 2 inputs, and have 12 outputs, as specified by the 5th order ambisonic encoding scheme 

(horizontal only).  These 12 channel outputs were fed into another 12 channel decoding track, 

which was inserted with the 5B to Six Decoder plug-in. This plug-in took 12 inputs and output 6 

channels, as specified by the 5.1 output format. Channel order was configured as left, right, cen-

12 Channel Decoder Track

! 5 Discrete outputs

Stereo 2B5 Plug-in

5B to Six Decoder Plug-in

Stereo Source Track

Figure 06. Reaper signal flow
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ter, left surround, center surround, and right surround, six outputs. For the purposes of this ex-

periment, the center surround channel was ignored, leaving the 5 outputs necessary to feed the 

ITU-R 775 BS speaker set up. All five outputs were recorded discretely as 44.1 kHz/16 bit .wav 

files.

	
 The Pro Tools surround encoding and decoding was a simpler process than the ambisonic 

workflow. The stereo source material was brought in to Pro Tools on a stereo track. The track’s 

output was set to a surround i/o group as specified in the Pro Tools i/o setup with identical chan-

nel order as the ambisonic material (L, C, R, Ls, Rs). The Pro Tools panner was used to match 

the panning styles used in the ambisonic encoding. The resulting 5 channel outputs were re-

corded as 5 discrete 44.1 kHz/16 bit .wav files.  

	
 The matching of panning styles was a challenging component of the experimental design 

since the parameter controls were different. I used my best judgement and attempted to match all 

angular values between the two panning systems when possible.  The first panning style strictly a 

lateral pan of the stereo image. The ambisonic panning system extends the image to all speakers 

via the “sharpness” control, which was set to the median value of 50. The corresponding control 

of this parameter on the Pro Tools panner is called “Divergence,” and was placed at the median 

value of 50 for front/back divergence and left/right divergence.  The comparison can be seen in 

Figure 07.  
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Ambisonic Panner 1 Pro Tools Panner 1

The second panning style incorporates more information to the rear surround speakers.  For this 

example, the Duo to B5 plug-in was used for the ambisonic panning.  Here, as seen in Figure 08, 

the left and right controls were placed as close as possible on the unit circle sphere to + and - 110 

degrees to match the placement of the rear loudspeakers.  Sharpness was placed at 100.  Simi-

larly, on the Pro Tools panner, the left and right controls were placed directly at the Left and 

Right Surround speaker icons. The divergence was set to 100.  

Figure 07. Comparison of panning style 1
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Ambisonic Panner 2 Pro Tools Panner 2

Panning style 3 was another lateral style plan, only this time the panning controls were placed 

outside the unit circle on the ambisonic panner. For the  Pro Tools panner here, the controls were 

placed at +/- 50. Divergence and sharpness for this example was left at 100.  Figure 09 illustrates 

these comparisons graphically.

Figure 08. Comparison of panning style 2
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Ambisonic Panner 3 Pro Tools Panner 3

The decoding stage of the ambisonic workflow used a plug-in called 5B to Six, also customized 

by Daniel Courville for use in this study.  This plug in takes 12 inputs as 5th order ambisonic 

signal, and decodes the signals down into an optimized 6 channel output (including an optional 

center surround, not used in this test) designed for playback over an ITU 775-R BS qualified 

playback system.  The decoding stage is where 5th order ambisonics are employed, since a 

higher resolution of spherical harmonics can be employed here to keep the ambisonic image in 

tact while reproducing the image over the odd number of asymmetrical loudspeakers that make 

up the 5.0 ITU array.  I was careful to set up the many parameters of the decoder according to 

Courville’s instructions when I asked him about settings that would best correspond to the five 

Figure 09. Comparison of panning style 3
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loudspeaker ITU 775-R qualified matrix, and the Pro Tools panner.  Figure 10 shows a screen-

shot of the plug-in parameters and how they were set for this application.

	
 Once the 5.0 channel material for the ambisonic panning and the Pro Tools panning was 

generated, the resulting discrete tracks were loaded into a Pro Tools session where 5 channels 

were discretely output to corresponding speakers in the order: 

Channel 1 = Left

Channel 2= Right

 Channel 3= Center

Figure 10. The Decoder plug-in and the settings used to match the optimize output through the 5 speaker 
setup Note that the center channel and sub channels are muted.
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 Channel 4= Left Surround

Channel 5 = Right Surround

It is important to note that although Pro Tools software was used as a vehicle for playback of 

stimuli, all Pro Tools panning and processing was bypassed by using direct outputs. Any multi-

channel digital audio playback system could have stood in for Pro Tools at this juncture.

	
 The calibration of the loudspeakers was performed by playing a mono channel of Dolby 

certified pink noise at -20 dB FS through each discrete channel and measuring the SPL level at 

the center of the head position for all speakers at 78 dB SPL (C weighted, slow).  This specifica-

tion was used because that is a standard listening reference level used by smaller mix facilities 

when mixing for DVD and television sources (Holman, 69).

	
 Calibration of the testing stimuli audio was also necessary. After traveling through the 

Pro Tools and ambisonic plug-ins, the stimuli was not aligned in terms of overall volume.  To 

compensate for this, I used the PhaseScope meter on a Surround output master fader in Pro Tools 

and compensated the output level of each stimulus so that the peak and RMS values were identi-

cal between ambisonic panned source material and Pro Tools panned source material.  This cali-

bration ensured that the measurements taken would not diverge due to different overall SPL, as 

well as take overall loudness out of the equation when the subjective listening tests were per-

formed.

	
 The 5.0 surround loudspeaker outputs were recorded by the Neumann KU-100 micro-

phone. This microphone was employed because it simulates, in a known acoustical fashion, an 

average listener’s binaural hearing.  By recording the signals via this microphone, an analysis 

could be done which measured the inter-aural cross-correlation (IACC) between the right an left 

channels to ensure the index of stereophonic spatialization at the pseudo-listener position.
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 Outputs of the KU-100 were fed into the Sound Devices USB Pre. This device was cho-

sen both because it has a reputation for high quality preamps with little coloration, and it is capa-

ble of interfacing over the USB 2 protocol with my laptop MacBook Pro computer. Logic Pro 9 

was used as a software recording to capture the stereo test signals. The microphone preamps on 

the Sound Devices USB Pre were calibrated to -20 dB FS while the loudspeakers were playing 

back the Dolby pink noise at 78 dB SPL. This allowed for enough headroom before clipping for 

the source material.

	
 Recordings were made for all three panning styles of the Pro Tools panned stumuli first, 

then the ambisonic panned stimuli at the central listening position. The KU-100 microphone was 

then moved to a non-sweet spot location. This location deviated both from the lateral and the 

front/back central location.  A non-sweet spot location was chosen arbitrarily by placing the KU-

100 in a location skewed from the median and horizontal plane of the loudspeaker array.  In addi-

tion, an attempt was made to make all measurements dissimilar from the head to each loud-

speaker.  In the non-sweet spot location, the center of the KU-100 was 49" to the left loudspeaker 

(-15 degrees), 67" to center (+10 degrees), 84" to right loudspeaker (45 degrees), 99" to right sur-

round loudspeaker (90 degrees), 32" to the left surround loudspeaker   (-150 degrees).  Figure 11 

shows the non-sweet spot configuration.

Figure 11. Non-sweet spot location for objective testing.
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 The same set of three panning schemes, in the same order were performed and recorded 

at the non-sweet spot location.  No changes were made to reproduction or recording levels.  All 

of the objective signal tests were stored on a hard drive for comparative analysis.

 Experimental Design Part Three: Subjective Signal Analysis

Equipment and Facility

	
 The subjective testing took place on March 27th through March 29th, 2010 in the same 

research laboratory in the James L. Dolan recording facility.  Although the loudspeaker setup had 

been taken down from the objective testing, the practicality of the facility made it easy to pre-

cisely reproduce the exact same measurements as shown in the objective testing experimental 

design section.  In the subjective testing, instead of the KU-100 microphone, a human subject sat 

in the listening position both at sweet spot and non-sweet spot locations.  The SPL meter was 

used again to calibrate all speakers to 78 dB SPL (C weighted, slow).  No recording device was 

needed, so the Sound Devices and MacBook Pro were not used.  All other specifications and 

equipment were replicated from the objective testing.

Subject Selection

	
 Human subjective testing was cleared and filed with exempt status by the University 

Committee on Activities Involving Human Subjects (UCAIHS) on August 26, 2009, and the case 

number, HS #7326, was assigned to the study.  All subjects signed a UCAIHS qualified release 

form and all questionnaires were kept anonymously.  Subjects were selected via the internet in 

the form of a distributed email. The email was sent to all students in the Steinhardt Music Tech-

nology Program, both graduate and undergraduate, as well as personal acquaintances and col-

leagues from the professional audio community outside the NYU academic community. A total 

pool of 11 subjects were attained. This subject pool was made up of four females and seven 
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males ranging in age from 20 years to 34 years of age. All subjects self reported normal hearing.  

Occupations and areas of study ranged from music or audio engineering professions to non-

related fields of work or study.  Subjects were told that they would not be harmed in any way be-

yond the risk of everyday life and that they could leave the testing at any time during the course 

of the study. All eleven subjects completed the test. Subjects were not compensated financially 

for their time, which consisted of about 45 minutes. 

	
 A microphone stand was placed as a marker for where the back of the head should be 

aligned, and the subject was instructed to keep the head in that general location, though there was 

no restriction in terms of head movement.  In addition, it was recommended, but not required 

that subjects close their eyes during each trial, so as to enhance their listening experience. An op-

tional blindfold was offered, though all subjects declined. Figure 9 shows a subject in the sweet 

spot location. During the test, subjects held a clipboard with a questionnaire. They were asked to 

evaluate their listening experience after each sound trial.  Repeated listening was allowed, how-

ever subjects were advised to go with their first instinct for their evaluation and comparison of 

the material.

Figure 12. Panoramic photo of subject in the sweet spot listening location
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Stimuli and Procedures

	
 Testing stimuli differed from the objective testing. Like the stimuli for the objective test, 

most of the source files were derived from stereophonic sources. However, unlike the objective 

stimuli, all testing sound files were actual recordings of natural sound events. No synthesized test 

signals were used as stimuli.  The testing stimuli from the stereo source files were spatialized us-

ing the exact settings on the ambisonic and Pro Tools panner from panning style 1 used in the 

objective test.  In addition, further experimentation was done with reverb.  Mono source files 

containing speech of various words were processed with either the Digidesign D-Verb in multi-

channel 5.0 surround setting, or another one of Courville’s ambisonic plug-ins: B2Verb 2D. Both 

reverbs were set to a “long hall” reverb type.  Finally, several full fledged audio scenes from a 

film were constructed using a hybrid of stereo ambiences processed into surround via ambisonics 

or Pro Tools, mono dialog tracks and stereo production tracks.

	
 Sources were taken from their original formats into a 5.0 playback matrix using Daniel 

Courville’s customized 5th order encoding and decoding ambisonic plug-ins for the ambisonic 

stimuli, and via the Pro Tools surround panner for the conventional stimuli.  All stereo files were 

derived from Sound Ideas, a library of professionally recorded sounds. This library was chosen 

for several reasons. It is a commonly used sound library found in most post production facilities, 

and the sounds contained in this library are professionally recorded with a stereo system of mi-

crophones. They are exemplary recordings of full range and full frequency ambience tracks 

commonly used in film sound post-production. 

Stereo Source files (all edited to 20 seconds)  derived from the Sound Ideas Library used for the 

stimuli included:

• Airport.wav (stereo/ 44.1/16bit)
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• City 1.wav (stereo/ 44.1/16bit)

• City 2.wav (stereo/ 44.1/16bit)

• City 4.wav (stereo/ 44.1/16bit)

• Country Day.wav (stereo/ 44.1/16bit)

• Jungle Day.wav (stereo/ 44.1/16bit)

• Mountain Night.wav

The file names are self explanatory as to the types of audio content each file contains.

The non-stereo source files were derived from:

•   Mono speech 1.wav (mono/ 44.1/16bit) used in reverb tests)

•   Mono speech 2.wav (mono/ 44.1/16bit used in Reverb tests)

• B-format, four channel ambisonic recording from central park. This file was sourced from 

the ambisonia.com website. It was recorded by John Leonard with a Soundfield ST250 mi-

crophone, Metric Halo 2882 +DSP Firewire interface, Apple Macintosh PowerBook G4

• 5 channel surround recording of an unnamed city park. This file was taken from a library 

of 5.1 sound files called Detroit Chop Shop.

 A sound scene from a film (30 seconds in length) was also presented, which contained several 

monophonic dialog files as well as stereo source files. 

• Dialog father.wav (mono/ 44.1/16bit used in the the film sound scene)

• Dialog son.wav (mono/ 44.1/16bit used in the the film sound scene)

	
 In addition to the surround sound stimuli, each listening component contained a control 

stimuli, which was a simple stereophonic reproduction sourced from the above stereo files. Con-

trol stimuli, ambisonic panned material and Pro Tools panned material were placed in a random 

order throughout the listening test to ensure that the answers were not based on precedence.
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 Like the objective test stimuli, I used the PhaseScope meter on a surround output Master 

Fader track in Pro Tools and compensated the level of each stimulus so that the peak and RMS 

values were identical between ambisonic panned source material and Pro Tools panned source 

material.  This calibration ensured that subjective evaluations would not be based on loudness 

differences between stimuli.

	
 The listening test playback was controlled via a remote keyboard to the front left of the 

listener by myself for all tests. Since each trial had to be evaluated on the questionnaire directly 

after listening, I could manually start and stop the Pro Tools playback. Markers were used to cue 

up each trial, so there was no lag time and all trials began exactly the same for all subjects.  Fur-

thermore, all sound examples were exactly 20 seconds in length, with the exception of the film 

sound scenes, which were about 30 seconds long.

	
 The questionnaire used during the subjective evaluation was developed with the guidance 

of the International Telecommunications Union’s recommendation document ITU-R BS.1284-1, 

which states “general methods for the subjective assessment of sound quality.” The comparison 

scoring scale used for eight of the twelve questions was taken from this recommendation and 

shown here in Figure 13:

Figure 13. Comparison Scale for Subjective Test
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A list of comparison terms was given to each subject for reference prior and during each trial.  

The terms were essential, because for each question the subjects were asked to evaluate their lis-

tening experience based only on the terms.  The glossary of terms given to each subject (all were 

taken from ITU-R BS.1284-I except the term “immersion,” which was my own definition). Be-

low is a list of definitions used:

The attribute impression of surround quality is related to 

o Spatial impression, ambience, or special directional surround effects

The attribute spatial impression is related to:

o The performance appears to take place in an appropriate spatial environment 

o Homogeneity of spatial sound 

The attribute timbre is related to

o Accurate portrayal of the different sounds 

o Characteristics of sound source(s) 

o Sound color 

o Sound attack boomy/sharp 

o Dark/light 

o Warm/cold 

The Attribute Immersion: The feeling of total envelopment in the sound field.

Definitions of above characteristics:

Homogeneity of the spatial sound: The subjective impression that the sound space is a 

homogeneous whole. 

Sound color: The subjective impression of an appropriate sound for each source includ-

ing all its characteristic harmonic elements. 
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Spatial Impression: The subjective impression that the performance takes place in 

an appropriate spatial environment. 

Timbre: The subjective impression of the accurate portrayal of the 

different sound characteristics of the sound source(s). 

Directional balance: The subjective impression that the sound sources within the 

sound image are placed in a way which makes the entire image balanced. 

	
 Once subjects were acquainted with the terms they would be asked about, the testing 

method was explained to them. They were informed both by me and by the information written 

before each question, which attribute they were paying attention to in each trial.  They were also 

instructed on how the procedure would commence. For example, question number one reads:

1. You will be played a set of two sounds, one after another.  In terms of Impression of Sur-
round Quality (defined below), rate the second sound sample against the first sample using 
the above scale. This will repeat three times, each announced by a letter.

a. _______
b. _______
c. _______

The first set of sounds would contain, for example, one ambisonic panned version of a city ambi-

ence, and one Pro Tools panned version of the same sound.  Then the next set might contain the 

same two stereo versions of a jungle ambience, used as a control. This would be followed by the 

recording of speech using the surround reverb, then the same speech processed with the ambi-

sonic reverb. Playback would be stopped between each example and the subject would write his 

or her answer in the corresponding space.  The process would then repeat with different stimuli 

and different terms to evaluate the sounds.  There were a total of four different term attributes 

asked about, each containing three trials.  Attributes asked to evaluate were:

• Impression of Surround Quality 
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• Spatial Impression 

• Timbre 

• Immersion

	
 Once this phase of the test ended, subjects were asked to evaluate their listening on a dif-

ferent scale. Instead of a comparison, they were asked to rate four sound scenes in terms of the 

attribute main impression, defined as:

Main Impression  is a subjective weighted average of all the attributes: homogeneity, 

sound color, timbre, spatial impression, directional balance, taking into account the in-

tegrity of the total sound image and the interaction between these various parameters.

The scale used for this evaluation was a six point scale ranging from poor to best. Subjects were 

instructed to judge how well the sound scene promoted a spatial scene, judged by the “main im-

pression.”  A sample question below:

9. What is your main impression of the sound source using a scale from 1-6. 1 is poor and 6 is the  

best.

                                                                 

1                 6
poor                best

 The four sound scene questions were made up of the two film scene stimuli, and the two 

multi-channel audio recordings.  For the film scenes, each example panned dialogue and produc-

tion sound exactly the same. Dialog was placed in the center channel with some spread to the left 

and right channels.  Production sound was placed in the left and right channels as a stereo source.  

The difference between them was how the two ambience tracks of forest sounds were spatialized. 

One stimulus used the Pro Tools panner for a surround image, and the other used the ambisonic 
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plug-ins to spatialize a surround image. Again, all attempts were made to match similar panning 

schemes using the different panners.  

 The multi-channel recording stimuli were left alone and not panned at all via any ambi-

sonic or Pro Tools panner.  A 5.0 track was made in Pro Tools and the 5.0 stimulus was played 

directly from that track. The B-Format recording was brought into a 4 channel track in reaper, 

and only processed through the B2G 1st Order B-Format Decoder for 5.1 Surround plug-in from 

Courville’s plug-in suite. This plug-in does not perform any panning, it simply properly decodes 

the ambisonic signal to work over the 5.0 matrix. Here the .1 LFE channel was again muted and 

ignored.  The resulting 5 channel signal was exported and discretely output via Pro Tools for the 

test stimulus.

	
 When the four sound scene questions were completed, the subject was asked to stand and 

the chair was re-arranged at the non-sweet spot listening location (the same location used in the 

objective test).  Figure 14 shows a subject placed in this location:

Figure 14. Non-sweet spot listening location
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Exact marks were made with gaffer’s tape on the floor where the chair was to be repositioned for 

each subject.  Then, the comparison questions 1-4 were repeated exactly the same at the non-

sweet spot location.

Experimental Results and Discussion

Part One: Survey Results

	
 The online survey received 20 valid subjects, once the results were filtered and tallied.  

the survey was done early in the thesis development, and helped both the experimental design 

and the formulation of the scope of the thesis.  Results of the survey:

Survey Questionnaire Results:

1. Do you mix audio for film, video or multimedia in surround?

Yes

100%

2. What type of console do you use?

Pro Tools Control Surface * None Other An. or Dig. Console**

10%

30%

20%

40%
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*D-command, Pro Control, or Icon

**Digidesign Venue, Fairlight Dream, Euphonix	
 ,SSL, Harrisson MPC4D, Command8

3. What channel format do you mix to in your primary studio? (You may choose more than 1)

5.1 ITU-775

100%

4. What panning system do you use to mix or spatialize audio to surround? (more than 1 ok)

Pro Tools Surround Panner
Console Hardware Panner
No Panner, I hard assign sounds to specific speakers
Plug-in based processing
Nuendo Panner
Logic Surround Panner
Digital Performer Panner

0

3.75

7.50

11.25

15.00
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5. When you mix sources to surround, what is the usual channel format of the source sound files? 

(you may check more than 1)

Stereo Mono Mid SIde 5.0 5.1 B Format
Double Mid SIde

0

5

10

15

20

 

What aspects of a mix usually get sent out to your surround speakers? (more than 1 okay)

11%

23%

24%
23%

19%

Background Ambience Dialogue Music Reverb Sound FX
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7. How familiar with the term "ambisonics" are you?

5%
20%

40%
10%

25%

Never heard of it I have heard the name Somewhat familiar
Very familiar Expert

8. How satisfied are you with your chosen panning system in terms of how it spatializes audio?

5%
15%

20%
15%

45%

Moderately satisfied, could do better Not Satisfied
Satisfied, nothing else desired Somewhat satisfied
Exteremely satisfied, best system ever

How satisfied are you with the size of the audience sweet spot when panning sound in surround? 
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5%
20%

45%

15%

15%

Moderately satisfied, could do better Not Satisfied
Satisfied, nothing else desired Somewhat satisfied
Extremely satisfied, best sweet spot ever

10. Are you interested in alternative surround sound systems or techniques? If Yes: 

16%

63%

21%

I am not interested in alternative surround sound systems or techniques
I am interested in surround sound systems that would enhance the way I already mix 
I am interested in surround techniques or systems that would take the place of my current system

	
 Results from the survey proved to be very encouraging with relation to a potential hybrid 

system that combines conventional surround mixing with ambisonic techniques.  Key points that 

suggest and promote this include:

• 100% of subjects mix into 5.1 ITU systems

•A significant majority (13) use the Pro Tools panner to spatialize audio into surround 

speakers.
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•Only 25% of subjects are satisfied or extremely satisfied with the way their systems spa-

tialize audio, while 75% are either not or only moderately satisfied, or report that they 

could do better.

With these results, it is encouraging that 63% of subjects report that they are interested in sur-

round sound techniques that enhance the way they already mix in surround.  

	
 The survey was also successful in showing the homogeneity of the systems and tech-

niques that audio professionals use. In the post-production field, compatibility needs require spe-

cific equipment, as well as the techniques that the engineers use in mixing. This notion further 

underscores the need to educate and promote alternative mixing strategies like ambisonics so that 

it can become integrated into the daily workflow of the post-production studio.

Part Two: Objective Testing Results

	
 The raw data from the objective testing consisted of stereo 48 kHz/16bit .wav files re-

corded by the KU-100 for each of the ambisonic and Pro Tools panning style, at the sweet spot 

and non-sweet spot locations.  The resulting 36 files were analyzed in Matlab with the help of a 

signal analysis toolkit, called Psysound 31. Frequency analysis was performed with the Psysound 

toolkit consisted of interpreting the pink noise recorded data in the frequency domain. Inter-aural 

cross correlation analysis was done via a custom matlab script designed by this author containing 

an inter-aural cross correlation analysis.

In the frequency analysis applied to the pink noise recordings, the FFT parameters were set as 

follows:

• Hanning window
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rhythm and running IACC). (Source: Psysound Webpage)



•Window size = 2048 samples

• 75% Overlap

A comparative power/frequency spectrum graph ranging from 20Hz to 20kHz containing the left 

and right average was then generated, comparing the source frequency analysis of the pink noise 

with the Pro Tools and Ambisonic panned stimuli as recorded through the KU-100. Graphical 

results for each panning style, at sweet spot and non sweet spot locations are presented below.  

For each example, the source pink noise file is shown as it was analyzed directly, overlaid with 

comparison frequency plots of the Pro Tools and Ambisonic panning schemes.

	
 The pink noise frequency analysis shows in all graphs that some deviation from source 

frequencies at both sweet spot and non-sweet spot positions.  However, the findings show that 

the most significant frequency deviation is coincident in both the Pro Tools and Ambisonic pan-

ning systems.  As shown below in Figure 15, 17, 18 and 19, most plots show an almost identical 

frequency deviation between panning styles.  The deviations of the plots reflect the actual fre-

quency response in both the experiment room, and the HRTF data of the KU-100 binaural mi-

crophone. In Panning Style 2 (Figure 16), the Pro Tools panning is slightly attenuated between 

2kHz and 4 kHz, and again between 12kHz and 18kHz, showing some difference between sys-

tems, but even with this variation, the general shape of the frequency plots is consistent between 

each system.  Similarly, in Pan Style 3 for sweet spot and non-sweet spot (Figures 17 and 20), a 

gentle high frequency roll-off starting at 16 kHz is observed on the ambisonic panning system 

that is not present in the Pro Tools system.
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Figure 15. Pan Style 1 Frequency Comparison

Figure 16. Pan Style 2 Frequency Comparison

Figure 17. Pan Style 3 Frequency Comparison
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Figure 18. Pan Style 1 Frequency Comparison, non-sweet spot location

Figure 19. Pan Style 2 Frequency Comparison, non-sweet spot location
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 Ultimately, these frequency analyses show that while some deviation occurred in the 

spectrum of panning styles 2 and 3, both the ambisonic and Pro Tools panning are very similar in 

their frequency responses. While both panning systems deviated from the original source file fre-

quency spectrum, the ambisonic panning systems do not display any significant frequency deg-

radation in comparison with the Pro Tools panning system.

	
 The sine sweep signal test provided spatialization information about the Pro Tools and 

Ambisonic panning methods.  This analysis used a measure of spatialization called the Inter-

Aural Cross Correlation coefficient to compare spatial information.   According to a 1995 paper 

in the Computer Music Journal, author Gary S. Kendall describes the concept of “Decorrelation” 

of a stereo signal as:

A process whereby an audio source signal is transformed into multiple output signals 

with waveforms that appear different from each other, but which sound the same as the 

source...decorrelation can produce sound images with the width, depth, and spaciousness 

! Hirsch 54

Figure 20. Pan Style 3 Frequency Comparison, non-sweet spot location



typical of natural environments while circumventing the computational burden of a full 

environmental simulation (71).

Kendall goes on to explain that the index of this de-correlation can be measured with a value be-

tween -1 and 1, the index of correlation.  To determine this index, “the correlation measure of  

two signals y1(t), and y2(t), can be determined by computing the cross correlation function, Ω 

(Δt):

This function was calculated as the IACC by the matlab script “getIACC” (see appendix). The 

correlation between left and right signals was computed over the entire sound file vector using 

the matlab function “xcorr,” while normalizing the sequence so that the auto-correlations at zero 

lag are identically 1.0. Then, the absolute value of the maximum cross correlation value were 

output to give the IACC index. This value, between 0 and 1, gives an indication of how spatial-

ized the image was at the recording location.   Values closer to 0 are more de-correlated, thus, the 

degree of spatialization is higher.  
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 As shown in Figure 21, the IACC indices at the sweet spot location were generally closer 

to 1, and more correlated, while the indices were closer to 0 at the non-sweet spot locations. Over 

all trials, the ambisonic panned IACC index was lower than the Pro Tools index.  Therefore, the 

sine sweep test showed that in general the ambisonic panned material was more de-correlated, 

and thus had a higher degree of spatialization at the both sweet spot and non-sweet spot locations 

for all panning styles, with reference to Kendall’s assessment of de-correlated signals (71).

Figure 21. IACC Comparison
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Part Three: Subjective Testing Results

	
 While the objective testing illustrated how ambisonic panning compared with Pro Tools 

in the frequency and time domains with test signals, it was also important to test the effective-

ness of the different panning schemes with human listeners. One of the main goals of this thesis 

is use of ambisonic technologies for film and multimedia for entertainment purposes. It was 

therefore essential that some insight and feedback was attained from the subjective experience of 

human listeners.  Results of the subjective testing upheld the idea that ambisonic panning is as 

good, and in some case, superior, for panning background ambiences over a 5.0 speaker array.  

Results are shown and discussed:

Stereo Source->Ambisonic Panning -> 5.1
Stereo Source->Pro Tools Panning -> 5.1

Spoken Word

Marsh Day

City 04

Country Day

City 02

Spoken Word

Airport

Spoken Word

-3 -2 -1 0 1 2 3

Sweet Spot Position, Overall Subjective Reports

ITU Recommended Preference Scale
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Spoken Word

Marsh Day

City 04

Country Day

City 02

Spoken Word

Airport

Spoken Word

-3 -2 -1 0 1 2 3

Non-Sweet Spot Position, Overall Subjective Reports

ITU Recommended Preference Scale

	
 With the exception of the spoken word stimuli, Figure 23 shows that ambisonic panned 

stimuli scored higher on the comparison test for both sweet spot and non-sweet spot positions.  

When subjects were informally asked at the conclusion of the test, several common remarks 

were that the ambisonic material “filled in the sides more” with respect to the surround image.  

Subjects generally had a difficult time with the spoken word stimuli. In retrospect, I found that 

spoken word reverb stimuli were out of place in this subjective test. When subjects were asked to 

listen to environmental space and judge the accuracy of these spaces, it was confusing to answer 

the questionnaire without being told what kind of space the speaker was supposed to be placed 

in.  One subject drew a comical picture that conveyed her confusion in this regard, as seen in 

Figure 24.

Figure 23. Mean data for all subjective reports comparing Pro Tools and Ambisonic 
panning styles at the sweet spot and non-sweet spot locations.
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 When the subjective data is organized by attribute, similar results are seen. Here, again, 

the ambisonic panned stimuli only scored poorly in the spoken word tests, which is when spatial 

impression was compared.  This analysis was also significant in the results of the Pro Tools 

panned stimuli in the non-sweet spot trials.  As figure 25 reveals, ambisonic results were consis-

tently slightly lower,  the Pro Tools results for “impression of surround quality” and “timbre” are 

significantly lower in the non-sweet spot results.  This is consistent with non-scientific claims by 

proponents of ambisonics that ambisonic material performs better with regards spatial quality to 

off axis reproduction.

Figure 24. A drawing demonstration by a subject about her confusion with the spo-
ken word stimuli. Drew after the test completed.
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Stereo Source->Ambisonic Panning -> 5.1
Stereo Source->Pro Tools Panning -> 5.1

Impression of Surround Quality

Spatial Impression *

Timbre

Immersion

-3.0 -1.5 0 1.5 3.0

 Sweet Spot Subjective Analysis By Attribute

ITU Recommended Preference Scale

Impression of Surround Quality

Spatial Impression *

Timbre

Immersion

-3.0 -1.5 0 1.5 3.0

Non-Sweet Spot Subjective Analysis By Attribute

ITU Recommended Preference Scale

	


The film sound scene stimuli were an integral portion of the subjective testing with regard to the 

real world use of ambisonics in a post production mixing situation.  This portion of the listening 

Figure 25. Mean data for all subjective reports organized by attribute, comparing 
Pro Tools and Ambisonic panning styles at the sweet spot and non-sweet spot loca-
tions.
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test was the only trial that combined all elements together in the way that a post-production pro-

fessional, or theater audience member would hear them.  

Ambisonic Panning -> 5.1
5.1 Panning
Ambisonic Recording ->5.1
5.1 Recording ->5.1 Discrete

0

1.25

2.50

3.75

5.00

Film Scene City Park

Sound Scene Subjective Analysis

	
 As shown in Figure 26, the film scene mixed with the ambisonic elements scored a mean 

value identical to the Pro Tools panning, and both scores were high on the 6 point scale.  While 

this does not show the ambisonic panned scene as superior, the fact that it stood up to the Pro 

Tools surround panning is significant in two ways: 

Figure 26. Mean data for all subjective reports organized by attribute, comparing 
Pro Tools and Ambisonic panning styles at the sweet spot and non-sweet spot loca-
tions.
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• The nature of ambisonic spatialized material leaves it wide open for future possibilities, 

since channel numbers are not hard assigned to the number of speakers, as in 5.0 Pro Tools 

panning. 

•With plug-in processing tool like Daniel Courville’s Ambisonic suite, many possibilities are 

available for ambisonic processing that were not explored in this test, such as axis rotate ca-

pabilities, height information, etc.

	
 In essence, these points show that ambisonic synthesis and panning has a distinct advan-

tage over 5.0 Pro Tools panning.  It is future proof with regard to channel number and position, 

and extremely flexible with regard to its spatial possibilities. The fact that the ambisonic panning 

stood up to Pro Tools panning in a real world hybrid mix situation shows its potential as a a vi-

able and useful addition to the everyday workflow of post production mix engineers.

Conclusions

	
 The community of ambisonic researchers and supporters is a small, but dedicated group. 

In three years of monitoring ambisonic community fixtures such as ambisonia.com, the sursound 

emailing list, and ambisonic.net, as well as attending AES paper sessions, I have made some ob-

servations about the makeup of the ambisonic community. Proponents of ambisonics are either 

interested in the most accurate way to record and reproduce concert venues for classical music, 

or interested in pushing the format forward for ground breaking spatialization, art installations, 

music composition, etc.  One common thread between these camps is the notion that ambisonics 

is a system only worthy of existing in its pure form. That is to say, ambisonic techniques are sus-

tained by their unique, open source software applets, specialized microphone systems, and cus-

tomized loudspeaker configurations.  When ambisonics is taken out of its pure form, and de-

coded into non-ideal speaker arrays, such as the ITU-R 775 BS system, interest and support from 
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hardcore ambisonic advocates falls off.  It is true that the ideal simplicity and grace of Michael 

Gerzon’s original conception does suffer from this conversion, so it is understandable why sup-

port systems would fail for this type of decoding,  However, it is my opinion that ambisonics has 

much to offer when it is integrated with other types of surround technologies, even when it is de-

coded for irregular speaker arrays.

	
 The work of this thesis shows that ambisonics decoded to the conventional five channel 

ITU-R 775 BS system, which is currently the most common loudspeaker configuration used by 

post production studios, is a worthy endeavor.  As the objective analysis reveals, in the time and 

frequency domains, ambisonic B-Format encoded, fifth order decoded sound, sourced from a ste-

reo file, is able to match stereo source material panned by the Pro Tools surround panner.  The 

subjective findings show a slight preference for this ambisonic panned stimuli over the Pro Tools 

panned stimuli by listeners.   These findings support the advocacy of ambisonics as useful in 

workflows along with conventional surround mixing techniques and technologies.  Proponents of 

this hybrid surround workflow, like Daniel Courville, and myself, make up a small subset of the 

ambisonic community, and an even smaller subset of the global post-production mixing commu-

nity.  The work of this thesis intends to support the advocacy of these ideas into the ambisonic 

and global surround sound communities.

 Future Work

	
 Future work should include more listening tests.  Larger subject pools and different test-

ing strategies will illuminate and solidify findings presented here.  As always, in an unpaid and 

unfunded research endeavor, my subject pool was small and time was limited. A larger scale ver-

sion of both objective and subjective testing would add relevance and insight to the findings pre-

sented here.
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 In addition to more scientific data, future work includes the spreading of the gospel of 

ambisonics for use in post-production mixing workflows. As mentioned, the community of mix 

engineers for post-production is very closed in terms of adding new techniques to their daily 

work flow. It is essential for advocates of ambisonic techniques to become active in the online 

communities and forums, industry publications, and through word of mouth.  Technically speak-

ing, plug-ins need to be developed that are able to work in Pro Tools, the most common platform.  

Daniel Courville’s plug-in suite is designed specifically for another popular post-production plat-

form, Nuendo, however, a Pro Tools version would be a great leap forward in advancing ambi-

sonics into the hearts and minds of mix engineers.  Of course Pro Tools software would have to 

be altered in terms of allowed channel formats, but any digital audio application worth its salt is 

always looking for a competitive edge.  Therefore, the most immediate future work is to raise the 

collective consciousness that ambisonics is a valuable addition to the surround post-production 

toolkit.  Once there is a need or want, it will make its way into the software.
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Appendix 1:

Matlab script: getIACC

function y = getIACC(sig)
% function y = getIACC(sig)
% sig: an N x 2 matrix containing impulse response of 2 channels
% y = IACC index
 
if (size(sig,2)~=2)
    disp('Error. Signal input must be an N x 2 matrix.');
    return;
end;
 
c = xcorr(sig(:,1),sig(:,2), 'coeff'); %cross correlation index between left 
and right ears
 
 
[m,i] = max(abs(c)); %m gets the max value, i is the index at which the max 
occurs
 
y = m; %y is the IACC
 
 
t = length(sig)/2 - (i - length(sig)/2); % t gives the Ineraural TIme Differ-
ence ITD (not used in this analysis)
 
t = y/48000 * 1000 %convert to milliseconds
 
i = i/48000 * 1000 %convert index to milliseconds (where max IACC occurs)
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Appendix 2: 

Daniel Courville’s Ambisonic Studio Plug-ins Suite
	

	
 This appendix provides additional information about the plug-ins that were made and 

customized by Daniel Courville for this research.  Much of the following is quoted from email 

correspondence in March and April, 2010.

	
 The B2X plug-ins aims at giving artists and producers the tools necessary to work with 

Ambisonic surround sound technology, but integrated with mainstream Digital Audio Worksta-

tion (DAW) software like Steinberg Nuendo or Cubase .  The B2X suite is made with SonicBirth, 

an object-oriented programming environment for the creation of Audio Unit and VST plug-ins 

for Mac OS X.

	
 Customization of the plug-ins was done specifically to facilitate the configuration and 

implementation for the Reaper platform for the experiments of this thesis. The 5th order imple-

mentation is an extension on the 3rd order Furse-Malham coefficients : all channels have equal 

maximum gains except the W at -3 for compatibility purposes (ie SoundField microphones).  

Since the customized plug-ins deal with horizontal-only information, no channels featuring verti-

cal information are used. This explains the relatively small number of channels, 11, since full 3D 

5th order would be 36 channels.

	
 On the encoders, the "Sharpness" feature was introduced following this author’s observa-

tion of a similar feature on surround panners in various DAWs.  Basically, the Sharpness, when 

lowered from its maximum, reduces the gain of directional channels versus the W channel.

	
 On the decoders, the "in-phase" decoding model is used. It's simpler to implement and, at 

5th order, is accurate in small and large playback spaces.
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