7. Spatial ambience and sound localization programs

(This section last updated Mamber 2007)

7.1. Soundambience and localization

Soundlocalizationand sound ambience are vital and related elements in acoustic recording, sound
reproduction wer loudspea&rs and headphones, room design and, of course, in computer/electronic music
production. Asoundfields the complete three dimensional space surrounding a lisfeseundfield can
be small (e.g. a closet) or large (e.g. a concert hall), boundgddam or enclosed space) or unbounded
(outdoors). An soundfield will have a @rticularambience or "ervironmental quality" in which we hear
sounds, and which listeners often describe subggtias "wet,” "dry," "warm," "bright," "spacious,"

"harsh" and so onThis ambient quality results from mafactors, including the dimensions of the sound-

field, its symmetry or asymmetrgnd the sound reflestity vs. absorption characteristics of walls, bound-

aries and other objects around the perimeter and within the soundfield. Barometric pressure, temperature
and humidity also affect these ambient qualities, usually in subtle but perceptible ways.

As sound pressureaves ripple through space at approximately 343 meters (c. 1100 feet) per second
the intensity (amplitude) of the of thesawes is reduced, dlling off by the square of the distanceviessed
from the sound source. High frequencies decay more quickly thafréguencies, due in part to absorp-
tion by moisture in the airwhen a sound avestrikes a flat surface, some of the energy of tlaweis
absorbed by the surface, reducing its intensityile the remainder of the intensity reflect$ affthe sur
face, at a n& angle (often about 90 degrees) back into the soundfield. Soft, porous materials, such as thick
drapes and carpetingare highly absorbant, often absorbing 80 % or more of the intensity ofabhe w
while hardsurfaces, lile metal or stone, reflect most of the pressusve&back into the room. High fre-
guencies are absorbed much more than flequencies by magnmaterials. Whersound vaves drike a
curved surface, the avetends to diffract around the surface, continuing on in roughly the same direction,
rather than bouncing (reflecting) aff the surface.

Walls and suréces closest to the sound source and to the listener produce thenfirstléetions.
Our auditoryperception (which includes our pdical hearing mechanism, from the pinna to the cochlea of
both ears, and the manner in which our brain interprets electrical impulsesdetem the cochleas) is
quite sensitie © the arrval times and decreasing amplitudes ezfrly reflectionsthat reach our ears
between about 15 and 100 or so milliseconds after thelagfithe direct signal. At some point, depending
upon the dimensions and reflectivity of the room, and the locations of the sound source and the listener
reflections that hae bounced df of two, three or multiple surfaces bunch up andvarin dense clusters, so
that our brains no longer can distinguish thevakriimes or intensities of individual reflections. Rather
theselate reflectionsfuse together and create a quality of sound diffusion, or "spreadRegetberation
is a combination of our responses to discrete early reflections and to the "taildsir'"of late reflection
diffusion. Reverberation time (often abbreiatedT60), is a measurement of late reflection diffusion, and is
defined as the duration it & after cessation of the direct signal, for therteerant tail to decay by 60
dB. Concert halls the size of Kilbourn typicallyveal 60times of about 3/4 of a second. Halls the size of
the Eastman TheaterVea evaberation time of between 1.5 and 3 seconds, while for rooms the size of
the MIDI studio reerberation typically lasts less than half a second.

Appropriate amounts of verberation tend to increase our enjoyment of music, subghctnaking
the sound "fuller,” "richer," "lielier" and "warmer" Too much reerberation, or the "wrong" kind of ver-
beration, haever, is dstracting or annoying, "coloring” the sounxcessvely and leading to a loss in clar
ity and detail ("smearing"). Rooms with parallel walls and boundary dimensions with simple integer or
near-intger ratios (for example, a shoebox-shaped room) often produce staraliegtvat create modal
resonances — frequencies (and harmonic multiples of these frequencies) that can ring prominently when
excited by ag sound. The worst possible acoustical shape for a concert hall would be a cube.

Different types of music benefit from differenwegberant characteristics; aveeberant ambience
appropriate for a Josquin motet probably would sound "muddi eppresve, in a performance of a
work for percussion ensembleoFntelligibility, speech requires a drier sonic environment than most musi-
cal genres, a fundamental problem in the design of multi-purpose halls.
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Synthetic digital reerberation, whether hardae- or software-based, most often employs banks of
comb and alpass filters (delay lines with feedback), along withpéss and other frequeneselectie fil-
ters, to produce averberant "wash" that simulates (more or less successfully) the "tail" of late reflections.
More sophisiticated xerberation algorithms also emplonultiple delay lines without feedback to simulate
early reflections (although with less density than occurs in natwebegation). High quality neerbera-
tion is among the most difult and computationallyxpensve aeas of audio signal processing. Ance
when using high quality werberation units or algorithms, users mustetalare to &oid "painting” all
sounds with an indistinguishablevegberant glob.

Owing to the limitations and cost (in computgcles and/or dollars) of delay line-basesabera-
tion algorithms, alternates aich asconvolutionare being employed with increasing frequern@orvolu-
tion techniques — which also can be complicated, yraeid time consuming to use — process (dry) input
sounds aginstimpulse esponsdiles created in reerberant natural environments, such as concert halls and
cathedrals, attempting to impose the ambient room response qualities of legseraat sources upon the
input sounds.

Soundlocalization is the ability of our auditory perception, apart frony assual cues, to pinpoint
the origin of ay sound within a soundfieldlf you were taken blindfolded into an unfamiliar room and
heard, saya finger snap, you probably would be able to determine instantly the approximate distance and
direction of the snapping fingers ("about 10 feet to the right, a couple of feet in front of me and slightly
abore nmy head"). Additionally you also could venture a fairly accurate guess as to the dimensions and
structural materials of the rrom. The sound that reaches your ear contains information, which your brain
can decode, not only about the sound source itself, but also about its location and about the pliysical en
ronment around you.

In fact, our brains empjoa variety of sound localization procedures which operate in different fre-
gueny bands. Seeral (but not all) of these localization cuesdlve aubtle differences between the signals
receved by the brain from the te ears. Thedirect signal of a sound to our right and in front of us will
reach our right ear slightly before reaching our left édris localization cue is called theteraural time
delay(ITD). The signals that the brain reees from the tvwo ears will be out of phase. The signal from the
right ear will have a hgher intensity (amplitude) than the signal from the left e&ich provides the brain
with aninteraural level diference(ILD) cue. Thesignal from our right ear also will ke dightly more
high frequeng enemgy (since the signal from our left ear has been at least partially diffracted around our
head, causing not only a longer path but alsopass filtering). The further the sound ves towad the
right, the greater the temporal, amplitude, phase and spectral differencesdré&wen the tvo ears. Addi-
tionally, as he sound source maes further to the right, theverall intensity will be reduced (especially for
higher frequencies) and the percentage wérieeration we hear will increasé&Reverberation leels from a
sound remain relately constant no matter where it is located within a room. But as the intensity of the
direct signal is reduced with increasing distance, the "wet/dry mix" betweeen direcvenbenant signals
changes, another distance cue. The pattern of the early reflecti@htames also will change. As a sound
moves doser to the closest wall, the difference in\alrtimes between the direct signal and the first reflec-
tion will be reduced, while the aval time of the first reflection &bf the oppostie wall will be increased.

The brain processes direction and distance cues to calculate the origin of a sound sbtlviseista
complex process that is only partially understood. Each of these cues provides useful information only for
a limited range of frequencies. Phasdatiénces between the signals reegifrom the tvo ears, for &am-
ple, are not useful for veryunfrequencies (where a single cycle may beersg meters in length) nor for
high frequencies with extremely shoriavdengths, it only provide usable information at frequencies
between about 150 hertz and 1.5 kHz. Intensity differences betweenctlearsMLDs) are used to calcu-
late direction and distance for frequencies between about 300 hertz and 5 kHz. Other cuekeaadlled
related transfer functiofHRTH cues, come into play ate 25 kHz. (Note hw the frequeng bands of
these cueswerlap). HRTFs ae unique to each individual, and are dedifrom the shapes and dimensions
of our heads, ears and shoulders. Sounds reflect back and forth somewhat in triasgidarietweenar-
ious parts of our heads, pinnae and upper bodies creating cofifteléng responses at higher frequencies
that vary with the direction and distance of a sound source, and thus also vary betweeredhe tw

Note that none of these cues provide much information foflequencies belo about 150 hertz or
so. As a result, we kia trouble localizing lav frequencies, which in mgurespects are non-directional.
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Also, we our much less adept at localizing sound sources behind us than to ouroirensoiind directly
behind us, we recet dmost no direct signal (which strikes thackof our pinnae), but only diffracted and
reflected signals.

7.2. Monophonic,stereophonic and multichannel sound reproduction systems

Monophonicsound reproduction provideeny little sound localization information. &\&re avare of
the location of the loudspeaik of course, but cannot determine relatipositions for the clarinet or violin
within the music being playedrer the speadr. Stereophoni¢two spealer) sound reproduction, which wo
has been commerciallyalable for more than 50 years, offers the potential for localization oYiohatl
sounds along a left-right plane as wmed the spe@ks. Stereoffers relatvely poordepthinformation (the
distance of a sound source in front of the microphone or listener) vangorer location information on
sounds intended to emanate from the sides of or behind the listening po&itieven left-right localiza-
tionis subject to significant limitations.

Stereophonic recording of "classical" and jazz genres generally is done wgihciddent cadioid
pair of microphones. o gnall condenser cardioid mics (which are considerably more sen&itsounds
coming from the front than to sounds coming from the sides or from the rear), placed very closely,together
are pointed forward teard the musicians but are angled in opposing directionartbthe left and tvard
the right, at an angle sombere between 90 and 120gdees. Thigechnique attempts to capture the left-
right positions of the musicians, and also a good general balance of direct (dryyabdreat informa-
tion. The distance of the mics from the musicians, the height of the mige #igoperformers and the
angles of the mics determine the proportion of direct (dry) and reflected ("wet") signal recorded as well as
the width of the stereo imaging (ofar apart the performers seem to be). The technique provides rela-
tively little information on hav far in front of the mics each player is positioned.\(@bsly, this recording
technique also prades almost no locational information onyasound sources arriving from behind the
mics. It is not designed for this purpose.) The goal of coincident pair recording is to attempt to capture the
sound of an ensemble as it would be heard by a listener positioned in the best seat in the house.

Pop and commercial film and TV music, by contrast, is generally multigdadkstrumental and
vocal parts are recorded individually and/or in small groups, sometimes days or weeks apart, on separate
tracks of a hard disk recording system or a sequencer program, or aterdeording unit. Computer and
electronic parts also are recorded onto separate audio or MIDI tracks. All of the acoustic and egemputer
erated tracks can be edited widually, and then mixed down to wwviracks. Duringthe mixing process
each track can be processed with one or mofectst" such as equalization (EQ), compression ave-re
beration. These "&cts" can provide varous type of ambience, and can be used to simulate, in a very gener
alized way different close-distant locations for the sound sources.

Also during the mixing stage, although occasionally instead during the mastering stage (when all of
the cuts for a compact disc are assembled and homogenized), the mixing or mastering pogsilelgrin
consultation with the performing artists, determines the left-right stienaging (localization) for each
track. Stereo mixing wolves the creation gbhantom imges, in which sounds are pereed to enanate
from a position other than their actual origins (the fpealers). Stereamixing almost alvays is accom-
plished by means gfanpots which vary the amount of signal from each track that is routed to the master
left and right stereousses. This panpot-based localization technique is sometimesp=itle@dse mixing
because it distributesarying amounts of signal between pairs of channels and, ultimpééty of loud-
spealers. lItalso is calledntensity panningbecause the relag intensity of the signal coming from the left
and right speakers determines the pertklocation of each sound. If we want to position a sound to the
left of centerwe feed more of the signal to the left speathan to the right speek creating ariLD (inter-
aural level diferencé cue. In the absence of other cues to the conttagybrain will use this information
to calculate a position for the sound somewhere to the left of center.

Although pair-wise stereo mixing simulates only one the cues (amplituderdiices between the
two ears) that are used by the brain to localize sounds, it can work surprisingly well, but only if the listener
is in thesweet spotapproximately equidistant from the ongpealers. If a listener is closer to the right
spealer than to the left, the illusion is destedl and the sound gets "sucked" into the right sgredke
sound reaching the listener from the right speaker will reach the litesaes’ before the sound aiing
from the left speadr. Because of thélaas efect(also called th@recedence &dc), the brain will interpret

Eastman Computer Music Center UsgBuide, Section 7 :PggeVIl : 3
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this bogusinteraural time delaycue assound arriving from the rightAdditionally, the sound from the
right speaker will hae more high frequencenergy and may actually hae a hgher intensity (since the sig-
nal path is shorter). The listener is rewmj conflicting cues, or "crosstalk,” from thedwpealers: each
sound (except those panned hard left or right) actuallyesrat air ears from tw locations (the stereo
loudspeakrs), and the to pealers pravide incoherent phase, HRTF and other cues to ooreans. The
further that listeners nve from the relatiely narrov sweet spot, the greater the smearing of the intended
pan locations.When we sit much closer to one speaker than to the, atleebegn to experience mono-
phonic reproduction, with the other speaker providing eithevalyerant wash or a slap-back echo.

For stereo to verk well, not only must all listeners sit in the sweet spot, but also the speakers should
be facing the center of the room at an angle of between 45 andj®slédmeasured from the position of
the listener looking forward weerd the speadrs). Asthis angle approaches 90giees — something that
easily can happen when the speakers are widely spaced on the sides of a stage — a "hole in the middle"
results; sounds pannednard the center instead are pexeei to come either from the left or right, and
may sound "softél Issuesof spealker placement become especially problematic in larger performing
spaces (e.g. halls such as Kilbourn and larger), since if the speakers are positioned properly for those in the
sweet spot, listeners near the far left and right of the hall maween®idirect signal. Compromises often
are necessary.

During the 1960s some composers and bands, dissatisfied with the one dimensional left-right imag-
ing and the limitations of stereophonic reproduction, and seeking teldpe listeners in sound," gan
exploring an obvious solution: add more loudspeakers. Practical limitations, and the need for some stan-
dardization, led in the early 1970s to the commercistldpment ofquadraphonic reproduction systems,
with four speakers placed in the corners of a room or hall. Often the left front and rear speakers, and the
right front and rear speakers, were positioned facing each, atttesugh sometimes the speakers were
angled tavard the centerThe goal was to be able to position sounds gttan dmensional (horizontal)
location within the performing space. Joystick panpots were used in attemptvdosiaods in circles
around the perimeters of halls or in diagonal paths. The technical method used was still intensity panning,
now attempted by varying the speakfeeds sent to various combinations of betweenatwd four speagrs
rather than between a single stereo pair.

Once the neelty wore of — usually after about ten minutes — it became clear to almesyene
that the sonic results of this type of "joystick quad" audio werg glisappointing.Yes, you could bounce
sounds around between the four speakess dikacketball, but it proed impossible to create ceincing
phantom images at points between the speakeen HEwvaging between the dwfront speakers generally
was poorer and less stable than with stereo, owing to tlye langle between these speakers and the result-
ing lack of aly sweet spot. Production of commercial quadraphonic mixers and other gear was discontinued
within a fav years.

The most important problem of the nygoroblems with traditional quad mixing and playback is that
intensity panning does not work with rear speakers, or with combinations of front and re@rsp&akr
ears receife little or no direct signal, or at best a confusing diffracted signal, from sources behind our ears,
and very conflicting signal time avel, phase, timbral and HRTF information between the ears. Instead of
providing a rich two dmensional soundfield, quad often reduced the soundfield to four points.

Still the conundrum persisted: our brains can peectiree dimensional holographic images by inter
preting differing phase information rewedl by aur two eyes. Wly can't we perceire holophonic images
receved by aur two ears? In fact, we can. As research continued, isolated recordings made under controlled
conditions, usually employing headphones rather than loudsgegitovided some tantalizing examples of
effective three dimensional sound localization. And concurrent with the riseadindffcommercial quad
recordings during the 1970s, a group of English academics and engineers led by Michael Ggrzon be
devising sound recording and reproduction theories and systemddireedambisonic Although little
known outside of England until the mid 199@snbisonicprocessing today fdrs composers some of the
most effectve echniques for sound localization and ambience.

The next widespread use of multi-channel audiayever, occurred in motion picture theaters during
the 1980s. While stereo speakers, placed behind the screen, were still used for music, a cestespeak
behind the screen,as added to stabilize the localization of dialogue in the center of the screervier mo
goers seated anywhere in the theatside and/or rear speakers were added to place the soundk of of
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camera eents, such as distant traffic or forest sounds, "in the distance," anddopmthe audience in
"surround" effects, such as storms. Rear speakers also were employertoeragion and echos. As spe-

cial efects (train wrecks, explosions, dinosaur footsteps, alien spacecraft and so on) became an increas-
ingly important selling point of commerical Hollywood films, one or more elephantinecsifierg also

were added to produce verydrequencies (less than 50 hertz or so) that cannot be produced at all (or at
least not cleanly at high amplitudes) on standard sound reinforcement speakers.

7.3. 5.1surround sound

By the mid 1990%.1 channel urround sound' systems had become the "industry standafaf
cinema-based multichannel audi@(ith the subsequent marketing of "home entertainment systems, " 5.1
systems also wa kecome increasingly pvelent in homes, often replacing stereo systemse litilor not,

5.1 systems are mowidely used not just for film and videoythalso for music reproduction, and cannot be
ignored by musicians. (That is wive havesuch a system in our MIDI studio.)

Despite the term "surround sound,"wever, cinema-style 5.1 systems do raitempt to position
sounds at precise bndimensional locations within a roonRather the six speakers fia particular func-
tions in film and video production. For this reason, the speakers often anatebed, but instead often dif-
fer in size and shape, V&dfferent frequeng responses and different sound radiation characteristics.

Corventions of 5.1 cinema-style audio
 The two mains(front pair of speakers) are used for most or all of the music, which thus is generally
still mixed to stereo (except for — here comes that term again — special effects).
» The center channel is the dialogue channel, and rarely contains much music.
» The "surrounds (rear speakers, which ideally should be only slight#hind the listener) are used
for sound effects and for ambiencev@beration and other fefcts that create the aural illusion of a
particular environment or space)
» The LFE ("low frequency étcts) channel is just that. Because only very lérequencies are
recorded to this channel, which is intended for a sdfer, the 5.1 specifications limit the frequenc
bandwidth of this channel to about 1/10 that of the other channels (hence its sobriqusthtre
nel).

With 5.1 systems moavailable in a variety of venues besides motion picture theaters, and 5.1 distri-
bution media also readilyvailable — DVD video, DVD-A (D/D Audio, which provides much higher
audio quality), SACD, computer playback and multitrack tape and disk systems — one question for musi-
cians is hw to use this six channel speaker arrajeefively for purely musical purposes. The answers
often are not easwince it is highly unlikely that the 5.1 specificationsudd have kecome a standard if
purely musical considerations had been paramount. (In fact, 6.1 and 7.1 aksrmatebeen proposed for
musical purposes.) koclosely should the cinema-style a@ntions be folleved? Should the rear spesk
be used only for merberant ambience? When mixing contrabass or kickdrum sounds, some of the signal
must be sent to the sub, since the fundamentals of werpitohed tones are betothe range of the other
spealers. Havever, these sound sources also must be sent to the other speakers to create the higher harmon-
ics that the sub cannot produce, and without which the double bass or kick drum will sound pallid and
musly.2 Some impreement wer stereo in the precision and stability of frontal left-right imaging is possi-
ble for sounds intended to be heard "sort of from the left" or "a little to the right" by panning the sound
between one of the mains and the center sgeBlt the center speaker raises complications as well, espe-
cially since it normally will be positioned along an axis with the mains, and thus will be somwbat
closer to the sweet spot than the left and right front sealkdditionally we row havetwo center posi-
tions to deal with — the center speaglend the phantom center created by routing equal sigrasleo the
two mains.

The most important e@at, havever, is that 5.1 systems cannbé used successfully with standard
intensity panningechniques to position sounds at arbitrary points between the front and rearspeak
behind the listenerFor reasons discussed earlidis just does not work.

Laterm | loathe, as marof you know

2|n fact, luilt-in bass mangementcircuitry of mary 5.1 systems will do this automatically if we don't. Bass
management systems emplwossaer networks that route all frequencies belabout 80 hertz from all other
channels to the LFE channel. But not all 5.1 systems include bass management circuits.
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7.4. Ambisonicsound processing

Ambisonicds a mathematically-based signal processing system that attempts to capture and repro-
duce information about a complete three dimensional soundfield, including the preceise location of each
sound source and the ambient characteristica ®fal or simulated performance aperformance erron-
ment. Ambisonic theories and technology originally wenesldped during the 1970s for the recording and
playback of acoustic music (especially of "classical" aramtagarde rock genres) using custom-made ana-
log equipment, which as (and remains)xpensve. Today digital software is more often used for
ambisonic processing of both the recording and playback stages. And although ambisonic recording con-
tinues as a rather niche audiophile market in Engfahdse techniques presently are not widely used else-
where in commercial recording. Wever, ambisonic procedures are increasingly common in computer
music production, and are beginning to makoads in the commerical recording industry.

Ambisonics is a encoding and decoding process. During recording — whethar afduistic music
or of computetbased synthesis or mixing — information about the location of sound sources and room
ambience is processed mathematically and encoded into a number of discrete channels of data-Unlik
ditional stereo, 5.1 and other multichannel formatsydver, the data channels of ambisonic formats are not
spealer feeds, and cannot be played direc#ymbisonic channels kia rothing to do with loudspeaks,
but rather describe what are called in ambisonic terminokgderical harmonicsThe principal spherical
harmonics are sound planes, such as the front/rear placement of sounds, their left/right placement, and their
height (up/down placement). Encoding (recording and/or mixing) and decoding (playback) are de-coupled,
and are entirely distinct processes. Ambisonic encoding is not tailored to a specific number of playback
spealers Ratherthe encoding process is designed to capture, as accurately and completely as possible,
information about what is happening within a soundfieldr playback, these data channels must be
decoded for a particular speaker configuration. Thus, an ambisonic recording can be decoded for a standard
stereo system or for a playback system with 4, 5, 6, 8, 16yanember of loudspeadts. Inambisonic ter
minology, a particular speadr configuration, which includes not only the number of loudspeakers but also
their placement within a room, is calledig, or aspealer array. In general, the more (high quality) speak-
ers that areailable for playback, the more accurate and detailed the reproduction of the encoded data.

Decoding ambisonic signals

The original source of ambisonic recordings, still in use (although not widedg) avspecially
designed array of sen very closely spaced microphonic capsules contained within a single enclsure and
called asoundfield miasphone The seen capsules are designed to capture sound from a single®dmint,
with different orientations. Six of the mics arardioids which are oriented

« forwards (facing the front wall)

* backwards (facing the rear wall)

« to the left (facing the left wall)

« to the right (facing the right wall)

« upwards (facing the ceiling), and

» downwards (facing the floor)

These six mics "hear" the sound "from the front," "from the rear,” "from the left and right,” and from
"above" and "below" the microphone (and the listesgposition. The senth mic has almmnidirectional
response (equally sens#ito sounds arwing from ary direction and angle), and captures therall ampli-

tude intensity of the sound.

The original, simplest and still most widely used ambisonic encoding format, fiedtegrder or B
format, applies mathematical phase shifting and amplitude scaling equations/éd tom signals from
these seen mics into four channels of data, comprising fapherical harmonigsor components, of the
soundfield.

3n fact, technically the terrambisonicis a reyistered trademark of the small English recording corppan
Nimhus Recals the most ferent proponent of these techniques. In common usagesvap the term is
applied widely to the mathematical techniques firsteldgped by Michael Gerzon and his associates that are
now being employed and extended by engineers and musicians throughout the world.

4 For example, options for certain types of ambisonic decodimg lbaen included in the DVD-Audio speci-
fications.

5 Physically this is impossible of course, but with some mathematical processing it can be simulated.
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» The omnidirectional signal, termed tki¢ component, describes the timarying amplitude inten-
sity of each source sound.

« Signals from the front and rear facing mics are processed to enatejgtlsharmonic, recorded to
channel 2, that describesvathe W (intensity) component is distributed along>amxis between the
front and rear of the soundfield.

« Signals from the left and right facing mics are processed to encatitftacomponent, recorded to
channel 3, that describesvinahe W component is distributed alongYaaxis between the left and
right of the soundfield.

* Signals from the upward and woward facing mics are processed to encbdighthinformation,
recorded to channel 4, that describew e W component is distributed alongZaaxis running er-
tically between the floor and ceiling.

(Note that the ambisonic labeling of thesesas non-standard. In algebraic graphs Xfais usually runs
left to right, whereas in ambisonic diagrams the left-right axis i¥ #vds.)

The original decoders for ambisonic recordings were hardware units that performed amplitude
matrixing to send the correct amount of each ambisonic channel comp@henty andz), with correct
phase information, to each loudspeakHardware ambisonic decoders still are mautfired and soldn
England, primarily for audiophile home systemBoday howeve, most ambisonic decoding is done in
software. D do its work properlya decoder must kne the configuration of a speaker array — not just the
number of speakersubalso their placement within a room. Decoder hardware and software typically
includes programming for a number of common rigs of symmetrically placed speakers — stereo, 4 speak-
ers, and so on.

The signals sent to opposing speakers — front and lefaand right, or high and low) — contain
not only amplitude dférences (similar to standaidtensity panniny but also, and more importantly
phase differences (opposite speakers often are Ifi@eteout of phase), as well as differences in reflec-
tions and other locational cues. In order to reprodugenfithe three principal dimensions (or "spheres") of
the recorded soundfield adequatélys necessary to & & least one speaker on opposing perimeters of
the sphere. Thus, decoding the left/rizttomponent requires at least one spead the left of the listener
and another speakto the right. Accurate representation of the full depdhsphere requires at least one
spealer in front and one in back of the listenoweve, to reproduce botlhe X andY spheres fully so
that listeners recee mrrect amplitude, phase and other cues at both ears, we need at least 2 frong, 2 rear
left and 2 right speakers. This can be accomplished by placing fourespewdar the corners of a room,
each angled slightly veard the center.

This might look lile a quad setup, but the spesak are functioning quite differently here than in quad
recordings, "pushing and pulling" the air in concert tovjate localization cues for each sound source.
Ambisonic reproduction does not recreate the original soundfield (something that would require thousands
of very closely spaced speakers). But byvplimg coherent (non-conflicting) information about each sound
source from multiple speakers, it can provide a very convincing illusion of the originally recordether
case of computer-generated music, an intended soundfield.

If an ambisonic recording is decoded for stereo sprsalkthe left-right stereo imaging usually will be
very good. DepthX) localization, hwever, will be only partial. The reproduction will caay ome infor
mation — generally much better than standard stereo reproduction — about the distances of sound sources
in front of the listening position (since there ar® tggealers to our front). Haever, because there are no
rear speakers, the imaging of forward sounds may malyalbe precise, and sounds intended to emanate
from the rear may be pereedl instead in mirrofike fashion to come from the front, perhaps at reduced
amplitude. Heightnformation (theZ component) will be discarded by the decod&ince 2 stereo speak-
ers (or for that matter4 quad speakers) are at the same height, there isapdonthe decoder to distribe
the out-of-phase "push-pull" height data to complementary transducers.

Four speakrs in a rectangular configuration is the minimurig™ necessary for full horizontal
(left/right/front/rear) ambisonic imaging. /@ fealers outlining the points of a pentagon mayve
somavhat better horizontal imaging, and a hexagonal array of six spegalkrhaps better still, especially
for side and rear imaging and with idiophonic sounH®wever, such configurations are not common.
Speaker configurations designed for ambisonic reproduction tendvidogrpowers-of-two.
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Periphony: the height dimension

As noted earlierdecoding of theheighth(Z) component requires that speak be placed abe and
belov ear level. Whereas horizontal ambisonic decoding provides adwensional soundfield, in which
sounds can be localized atygmint along a flat horizontal plane within the performing space, the addition
of the heighth componenet turns the performance space into a full three dimensional sphere. In ambisonic
terminology this is callegeriphony from the Greek roots for "around the edges."

It is possible to achie wsable 3D ambisonic imaging with six speakers: a horizontal quad array and
two additional speakers positioned front/center and rear/cesigeated 3 or 4 meters akie the horizontal
array Full, accurate periphgn howeve, requires a minimum of eight speak, generally a quad array
below ear level (near or on the floor) and a second quad arrayeksr level, with the speakers near the
eight corners of a cube. (Sixteen speakers week better of course.)

For a recording of, saya ®lo piano work, or of anmusic in which all sound sources are at approxi-
mately the same height, there might appear to be little to be gained to justify the added expense and compli-
cation required to decode the ambisonic heighth dimension (especially in halls such as Kilbourn, where
spealers and cables must be set up before each concerntjeverp listeners who hae experienced high
quality "periphonic" reproduction often Y& dosened that not only does the music seem "fuller* and more
"life-lik e" (due in part to the different reflections and ambient qualities coming from tlaéedland lav-
ered speakers), but also thatytlseem to be able to "hear more detail" in the music (an olsenvsimilar
to comparisons between stereo and monophonic reproduction). For computer-generated music, of course,
true 3D imaging of sounds, and the ability tou@®unds inany direction and at gnangle, raises man
new formal, coloristic and express possibilities.

Some advantges of anbisonic reproduction

Besides offering impned imaging of sound sources compared with standard stereo and multichan-
nel reproduction systems, ambisonic encoding/decodingda® other significant benefits. The sweet spot
is much lager, and imaging remains accurate and stabler a wide area that often encompasses most of a
medium sized room or concert hall. Listeners seated to the left or right, forwardgat the rear of a hall
receve essentially the same sonic information. Additionadjyealer placement and angles are not nearly as
critical as in stereo and 5.1 reproduction; the speakers can e mound somewhat with considerably
less degradation in the quality of the reproduction.

Caveats and limitations

Since ambisonic decoding can be rather cormpad requires accurate reproduction, it is important
that high quality spea@ks be used. The speakers should be matched, (identical models work best) so that
they haveidentical gain and phase responses. The gpeakust be time aligned, and ideally shouldeco
the full frequeng range, or at least as wide a frequerange as possible. Ambisonic recordings can sound
quite bad when played back on cheap, unmatched speakers.

Since recordings and computer-generated mixes realized with ambisonic techniques provide their
own ambient and spatial information, and the goal of decoding and playback is gcouthe reproduc-
tion of this information, the performance space should bevelatiry and neutral, and add little of itsevn
coloration. Kilbourn Hall provides aamderful ambience for the performance of a string quartet. But when
this hall ambience isverlaid on top of localization cues and ambient qualities already present in the
ambisonic source material, some smearing of imaging can result, andeth# ambient quality may
become too "wet" and diffuse.

Furthermore, mggphone-shaped halls such as Kilbourn, in which the floor rampardpvirom the
front to the rear of the hall, can raise serious problems in spga&cement, since listeners’ ears are at
varying heights.This is a greater problem with ambisonic recordings than with traditional stereo and multi-
channel reproductionEven for horizontal ambisonic reproduction, rear speakers that are close teekar le
for the late-arriving patrons in the back of the hall will be we#rdahe heads of listeners seated in the first
few rows, while the front speakers will be"submerged” taeloot level for listeners in the rear seats. Peri-
phonic reproduction becomesgea more problematic. There is really naawto position 8 speakers in the
corners of a cube in a hall such as Kilbourn. With some ingersuitit problems need not remain insolu-
ble, especially since ambisonic reproduction does tolerate some fudging ierspkalement. Heever,
composers need to takach practical considerations into account when "choreographing” sound
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localization in a composition. Otherwise, sound localization procedures that may sound electrifying in one
of our studios may translate poorly to larger performing halls.

Alternative ambisonic formats

Although first orer (B) format is the most widely used ambisonic encoding/decoding scheme, a
number of alternate ambisonic formats also arevailable. Higher oder formats provide additional
ambisonic signal components, beyond the comivXYZset, in attempts to aclvie geater accuracin
localization.Second ater formats, which include 9 channels of encoded data, can be encoded on ECMC
Linux systems with th@spaceprogram and decoded with thenbidecprogram. (Hevever, | ill recom-
mend B format for your wrk.) A variety of UHJ formats are designed for compatibility withdwhannel
stereo reproduction systeng.formatsprovide pre-decoding of B format for playback on 5.1 systems, b
currently noG format software is\ailable on ay of the ECMC systems.df more information on these
and other aspects of ambisonic theory and practice, skemitspage on the ECMC web site.

7.5. Usingvspace

A good introductory program that | recommend for applying spatial localization to monophonic input
soundfiles on ECMC Linux systemsvispaceby Richard Fursevspacecan create output soundfiles in both
first order or second order ambisonic format, and also in standard st&x&e fdfmat. These encoded out-
put files can be decoded for particular sgeadrrays — usually for a stereo or quad rig — with Fgrse’
companiorambidegprogram or with various other ambisonic decoding utilities.

vspaceis a soundfile localization, spatial ambience and mixing program. It accepts one or more
monophonic &V E format input soundfiles. These input soundfiles cae Basmpling rate of 44.1k, 48k
or 96k. Havever, dl input soundfiles must we the same sampling rate, which also will be the sampling
rate for output soundfiles. Unfortunatelyhile supporting three common sampling ratespaceis limited
to 16 bit resolution 24 kit and 32 bit input soundfiles cannot be read nor written by the program, nor by its
companiorambidecdecoding utility Since we rarely deal with 96k 16 bit soundfiles — 24 or 32 bit reso-
lution generally is more important to high audio resolution that higher sampling negpayeis for all
intents a cd quality 16 bit program.

vspaceprocesses and mixes the input soundfile(s) with ambisoninic formulae to apply simulated spa-
tial localization and room ambience cues, and writes the processed samples to one or more output sound-
files. Whentwo or more output soundfiles are createdytdeare mag common features, including:

« the same fixed or time varying (moving) spatial localization of each source soundfile

« the same mixing specifications for the input soundfiles

* the same dimensions andregherant qualities of the "virtual" (simulated) room or hall into which

the source soundfiles are placed
However, two or more output soundfiles will differ in the following important respects:

O Format: vspacecan produce output soundfiles in first order or second order ambisonic formats,

and also in standard stereo or mond@AM format

0 Simulated microphones with different polar patterns (sensitivity to sounds coming &mons/

directions) are used for different output formats, and these mics often are placéstettdibcations

within the virtual room. &V E output soundfiles will not producexactly the same werberant ambi-

ence, nor the same wet/dry mix, as ambisonic output. Ambisonic output is designed to capture the

complete wet/dry soundfield, whereagW¥E output generally is optimized for eithiéére direct or the

reverberant signal.

vspacds a non-graphical command line program, run from a shdilit lzontains far too marargu-
ments to be typed in on a command lilestead, these arguments are consolidated within an frgpam-
eter file The ECMC utility vspacetp ("vspacetenplate’) provides a template for creating this ASCII
parameter file.The template includes all of the required and most of the optional parantenests
awailable within thevspaceprogram. [er parameters with default values wspace these defaults are
included in the template. Mever, for some values, such as as file names and room dimensions, there are
no defaults, and the template includeé¥?asymbol for these arguments.

vspaceshares with manother mixing programs the concepttodcks Every input soundfile must be
assigned to a particular track. Urdiknany mixing programs, haever, vspaceallows us to mix together
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two or more input soundfiles so that there processed and sousinultaneouslyn a track. Sound local-
ization is done by track rather than in terms of individual soundfiles. The spatial localization of all input
soundfiles assigned to avgn track can be either fixed (remaining stationary) or moving (changing location
over time). Havever, a& any gven instant, all soundfiles sounding on a track will emanate from the same
virtual location. To place two dmultaneous sounds at dwdifferent locations, the twsounds must be
assigned to to diferent tracks.

After creating a parameter file wittspacetpou must edit this file with axeeditor, changing the??
symbols and, often, some of the default values as well to the valuesaywu Whernthe template file is
ready it is used as the input file tespace The entire process of creating soundfiles wipaceruns like
this:

(1) Obtaina parameter template file withspacetp

(2) Edit this template file, changing some of thguament values within the template in order to

obtain the result you want.

(3) Run thevspaceprogram with this parameter file:

vspace [flg options] pamlameterfilename

(4) If you hare aeated an output soundfile in ambisonic format, decode this soundfile for a particular

speaker array (most often for stereo or quad) and play it.

(6) If you are not satisfied with the result, loop back to step 2.

Example vspace parameter files

Examplevspaceinput parameter files, used to create ¥epaceexample soundfiles irsflib/x are
awailable on the ECMC Linux system3o list these example parameter files, type
Isexvs orelse Isexvs
To dsplay one or more of these example files, type:
getex <filename>
Example: getex vspacel

7.5.1. Crating an input parameter file withvspacetp

For full details on using/spacetpconsult theman page for this utility The syntax for obtaining an
input parameter template file is:
vspacetp [-v or -s] inputsoundfile($] inputsoundfile(s) Thputsoundfile(s) etc.][ > filename]
or
vspacetp [-v or -s]- [ > filename]

Flag options: The dehult vspacetpgemplate includes brief usage and suggested value comments, preceded
by thevspace# (pound sign) comment symbol, for most parameters. If a -v ("verbose") flag, designed pri-
marily for nev users, is included on the command linepacetpwill provide more detailed usage com-
ments and examples. By contrast("succinct") flag will instead prode a bare-boned template with only

a few mmments designed for advanced users.

Soundfile agument(s):Your vspacetpcommand line should include the names of all input soundfiles to be
used (although you canvedys add more soundfile inputs later while editing the template file). If these
soundfiles are located in your current working soundfile direc&8fDIR or in any of thesflib directories

you need only type the name of the soundfile,\apdicetpwill locate the soundfile and fill in its full path,
which is required byspace You can omitwavextensions if you wish, andspacetpwill supply them. If

an input soundfile is located in some other directtyge in the subdirectory name or full path as well as
the soundfile name. If you simply want to displayspacetpgemplate without specifying an input sound-
file, substitute a (minus sign) for thénputsoundfileargument.

By default, all of the input soundfiles that you speaififl be assigned to the same track (track 1), and thus
will share identical spatial placement® &sign input soundfiles to separate tracks, includg@rack")
argument wheneer you want to create a wetrack for the following soundfile(s). kaver, do not specify a

T for the first track — only for subsequent tracks.

Example vspacetp command lines

(1) vspacetp -v -
Result: A verbosespacetgemplate, with no input soundfile specifications, is displayed.
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(2) vspacetp cldodicks3.wav > clockticks3.vsp
Result: A template for runningspacewith your soundfileclockticks3.wavs created and is written to a file
namedclockticks3.vsjin your current working Unix directory.

(3) vspacetp -v bottlefillinggristmill
Result: A \erbose template that places th® sflib/envsoundfilesbottlefilling.wavand gristmill.wavon a
single track will be displayed in your shell wirdo

Il > vspace4
Result: Repeat the previous command, but this time write the template to a filevspaes4

vspacetp -s monomixI nonomix2 monomix3T monomix4 T cym? ambisonicmix1
A succinct template is created and written to a file naamadisonicmixlin your current Unix directory
Within this template soundfilenonomixl.wavis placed on track 1, soundfilemonomix2.wavand
monomix3.waware placed on track 2, soundfilmonomix4.wans placed on track 3, and ttsflib/perc
soundfilecyml.wavs assigned to track 4.

A sample template

The command

vspacetp whisper.ah.wav gu.c4.roll.wav T iceskate.wav
will produce the template file shown beloincorporating three inpugflib soundfiles on te tracks. Line
numbers, not a part espaceparameter files, va@ been added here to simplify the discussion thatvialo

R example vspace parameter file produced by vspacetp : s
1 #all uncommented parameter values shown as ?? must be changed to a float value

2 #use full floats lile this: 3.0 , not abbreviations &khis: 3.

3 ##H# 1] GENERAL parameters and EARK L ATE REFLECTION parameters #####

4 tempo 60;

5 «ip0;

6 # dsable early reflections; # uncomment to disable BAREFLECTIONS

7 early reflection time 0.25;# default .25, normal range .25 - .75

8 early reflection minimum gain 0.005;

9 # dsable late reflectiong uncomment to disable LATE REFLECTIONS

10 #late reflection time default: calculated from room dimensions

11 #late reflection time ??;  # Normal range: .75 - 3.0

12 late reflection gain 1; #>1.0 = wetter< 1.0 = drier

13 late reflection echo density 1.@ > 1.0 = wettey< 1.0 = drier

14 late reflection frequegaensity 1.0; # > 1.0 = wetter< 1.0 = drier

15 # Law pass filter cutdffrequeny : by default calculated from room dimensions
16 # late reflection cutb?? ; # in Fertz, normally between 1000 & 2000

17 #
18 ##### [2JROOM DIMENSIONS & REFECTIVITY parameters #H###H#
19 distance unit metre;# metre (sic), yard or foot

20 room {
21 dimensions -??,?? -??,77?, -??,7?7;
22 # -reasfront, -right, left, -down, up

23 # Set the reflectivity of each of the 6 walls\ab&anges O - 1.0:
24 reflections 0.5, 0.5, 0.5,0.5, 0.5,05;

25}
26 #
27 ##H#HH [3] RECORDING devices (mics) : each "recording” produces an output soundfile #####
28 #Arecording device consists of: (1) a soundfile name (whose extension specifies

29 #the output format); (2) a mic device, which determines mono or

30 #stereo VAV E or 1st or 2nd order ambisonic output; (3) mic location;

31 #(4) for cardiod mics, mic direction; (5) optional core radius

32 #mic device: resultingoutput soundfile format: filename extension:

33 #ambisonic 1sorder B format 4 channel ambisonic .wxyz
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34 #second order ambisonic 2nd order 9 channel ambisonic .fmh

35 #cardiod mondNAVE .wav
36 # cardiod pair stereoAVE wav

37 # figure-of-eight mono A/ E wav
38 #omindirectional monaVAVE .wav

39 # You MUST uncomment and edit all of the parameters for at least one

40 # "mic device" belo to create one or more output soundfiles

41 #Mic locations are often in the center of the room <0,0,0> but can be placed
42 #anywhere within the room

43 # -

44 # (1) 1st order B-format 4 channel ambisonic file: Playable only after decoded.
45 # recording ???.wxyz {

46 # device ambisonic;

47 # location <0, 0, 0>;

48 # gan 1.0 ;

49 # core radius 1,

50 #}

51#
52 # (2) Second-order ambisonic 9 channel ambisonic file. Playable only after decoded.
53 # recording ???.fmh {

54 # device second order ambisonic;

55 # location <0, 0, 0>;

56 # gain 1.0 ;

57 # core radius 1;

58 #}

59 #
60 # (3) Coincident stereo pair for steredW¥ output soundfile

61 #Direction vectors specify where the cardiod pair mics are pointing:
62 # Recommended: directiedi, 1, 0>, <1, -1, 0>;

63 # recording ???av {

64 # device cardioid pair;

65 # location <0, 0, 0>, <0, 0, 0>;

66 # direction <1, 1, 0>, <1, -1, 0>;

67 #gain 1.0 ;

68 # core radius 1;

69 #}

70 #
71 # (4) An omnidirectional or cardiod pair mic near rear of the hall to isolate & test
72 # reverberant qualities.

73 # recording ???av { # use EITHER omnidirectional (mono) or else cardioid pair (stereo)
74 # device omnidirectional,
75 # location <?7?, ??, ??3 use for omnidirectional

76 # device cardioid pair;

77 # location <?7?, ??, 27>, <??, ??, 2Pxse for cardiod pair
78 # direction <0, 1, 0>, <0, -1, 0% use for cardiod pair

79 # gain 1,

80#}

8l#
82 ####Ht [4] TRACK parameters (MIX and MOTION) #####
83 track { # Track 1:

84 mix { # soundfile inputs for track 1:
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85 0 /sflib/africa/whisper.ah.ev cain 1.0 ;
86 0 /sflib/chinaperc/gu.c4.roll.av cain 1.0 ;

87

88 motion{ # add fixed, line or arc locations for this track below:
89 ???

90 }

91}

92 track { # Track 2 : -------m--mmmm-

93 mix { # input soundfile(s) for track 2 :

94 0 /sflib/env/iceskate.aw cain 1.0 ;

95 }

96 motion{ # add fixed, line or arc locations for this track below:
97 ???

98 }

99}

100 ##--- Template for adding more tracks: ---

101 # track {

102 # mix { # add input soundfile(s) for track below:

103

104 # }

105 # motion {# add fixed, line or arc locations for this track below:
106

107 # }

108 #}

R end of sample vspace parameter file created by vspacetp #H####

7.5.2. Editingvspace parameter files

The template is divided into four major sections:
[1] GENERAL paametes and EARLY & LATE REFLECTION paameters(lines 3 through 16
above);
[2] ROOM DIMENSIONS & REFECTIVITY parametélises 18 through 25 ale)
[3] RECORDING devices (micines 27 through 80 abe); and
[4] TRACK pammetes (MIX and MO'ION) (lines 82 through 99, and also commented lines 101
through 108; the commented blank track lines at the end are provided in casanyda add one or
more n&v tracks to the template at some point in the future)

Comments begin with # pound sign and can be placed either on separate lines or after paraahetsr v
Mostvspaceargument alues are floating point or integer numbers, but some parameters are file names and
paths, and some parameters aretors. Avectorusually is a group of three floating point or integer eoor
dinates that control a single paramet€&he three values are separated by commas and are enclosed within
< and> delimiters, lile this:

location <0, 0, 0>;
For parameters with default valuesispacethese dedults are included in the template. For file name and
vector parameters with no default value&2? symbol (which must be changed) is included instead.

All parameter value lines must end with a semicolon. Major subroutines, includingpthepecifi-
cations (lines 20 through 25), eachcording device' (lines 45-50, 53-58, 63-69 and 73-80) and dsatk
specification (lines 83-91 and lines 92-99) includeeisg parameters, and these subroutines must be
enclosed within matchin§ and} curly braces. Eaclrack, in turn, includes tw subroutines:mix (with
input soundfile glues for the track) anchotion (with spatial localization values for the track). These
andmotionsubroutines within each track also must be enclosed within matching curly braces (lines 84-87,
88-90, 93-95 and 96-99 alm). Make wre that you do not inadvertantly deletey arfi these curly braces
when editing the template or the job will not run.

In fact, you should »@rcise greater than normal care when editispaceparameter files. Thespace
parser is fairly primitie, easily becoming confused, and its error messages often areenotelpful,
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frequently stating simply that there is a "parse error near line xx." When editing parameter valaes, al
use either full floating point notation, &khis: 8.0Q, or dse integers. Do not ablwiate floats by leaving out
digits after the decimal point, (kkthis: 8.) or you likely will get a "parser errdr Otherfrequent causes of
"parse error" aborts include

» omitting the semicolon at the end of a paramter definition

* mis-spelling parameter names or arguments (e.g. mis-spednaipid as ‘tardoid’)

« using the wrong type dbcationand/ordirectionspecifications for a particular types of microphone

* specifying parameter arguments in the wrong order

GENERAL parametsrand EARLY & LATE REFLECTION parameters

These parameters are changed less frequently than the parameters within the other three sections of the
template. Often it is possible to skiwep these parameters when editing the template, employing the
default values with good results. Still, there may be occasions when you wish to change some @flthese v
ues.

tempo : The start times for all soundfiles arevegi in beats, and the default beat is 60 bpm (beats per
minute), so that each beat equals one second. Changing the tempo 120 sayl double the tempo, and
the rhythm of soundfile entrances will be twice as fast.

skip : It is possible to skip into a mix by a specified number of beats. If the first four secondspHce
job sound fine but you are not hgppith the ending, temporarily set tk&ipvalue to4.0to save @mmputa-
tion time while you fix the end.

vspaceemploys one algorithm to calculate and produce eanrteerant reflections, and a separate algo-
rithm to create late reflections. Tkarly reflection time parameter (line 7) sets the time during which the
computationally more xpensve arly reflections algorithm (which caluculates and creates delay times
from the sound sourcesfaf the six walls) will be used. By default, the first quarter of a second (0.25) of
the hall reerb is produced by the early reflections algorithm, and the rest of vhdbegation is created by

the late reflection algorithm, which produces densat, (in terms of spatial localization, less "accurate™)
reverberation. Wherthe amplitude of the input signal(s) is less thanghry reflection minimum gain

value (line 8, dediult value .005 of maxamp), no early reflections will be created, saving computation time
for reflections that Ikely will not be heard anyway.

Thelate reflection gain(line 12),late reflection echo densityline 13) andate reflection frequency den-

sity (line 14) prwide a means of adjusting the prominence and the "wetness" ofvénberation. \alues

greater than 1.0 for these parameters increase the "wetness," while values less than 1.0 create a "drier"
ambience. By default thewerberation time for the reerb "tail”" is calculated from the room dimension and
reflectiity coefficients, but one can substitute werberation time by uncommenting and editing e

reflection time parameterLate reflections are sent through e lpass filter with a default frequepcutoff

vaue a@in determined by the room specifications. It is possiblegha, to use thelate reflection cutoff
parametergenerally with a glue of between 1000 and 2000 (hertz), to manually adjust the "brightness" (or
"warmth") of the rgerberation.

Finally, when you are performing tests with elements other theerbation, it is possible to turn fofhe
early and/or the late reflection algorithms tees@aomputation time by uncommenting thiésable early
reflections(line 6) and/or thelisable late reflectiongline 9) parameters, which ¥& o argument.

ROOM DIMENSIONS & REFECTIVITY parameters

By default, the unit of measurement for the room dimensions (line 21), for microphone locations (lines 47,
55, 65 and 77) and for thmeotionparameters for each track is timetre(note the English rather than Amer

ican spelling). Haever, the distance unit parameter (line 19) enables you to change this tgdieor to
thefootif you prefer.

The roomdimensionsvector values (line 21) are among the most important parameters in the template,set-
ting the size of the simulated room or hall. The tanbisonicdepth(X) dimensions (the distances from

the center of the room to the reaalivand to the front wall) are \ggn first, followed by the tw ambisonic

width (Y) dimensions (the distances from the center of the hall to the right and to the left wallg)edollo

by thevertical (ambisonicz) distances from the center to the floor and to the ceilifige rear,right and

down distances must be preceded by(minus) sign, and the 6 coordinates, separated by commas, MUST
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be specified in the rather non-standard order

-rear, front, -right, left, -downup
Remember that only twvdereo speakers are necessary to adequateleygon (left-right) information.
Effective front-rear placement, agver, generally requires at least four loudspeakers positioned in the cor
ners of a squareEffective reproduction ofheight(Z) data generally requires at least eight speakers posi-
tioned in the 8 corners of a cube. If you try tov@m®unds up or down witkispace but the output sound-
files are played on a rig (speaker configuration) in which all of the speakers are at the same height, listeners
may hear amplitude changes and changes in Heeberant qualitybut not a realistic simulation of dir-
ent heights.

The reflections vector (line 24) enables us to set the sound reflectivity vs. absorption qualities for each of
the six walls, often the most imortamtctor in determining the dry/wet mix within the output sound. The
six values within this vector are mapped to the corresponding ais defined in thelimensionsvector
immediately abee:

rear vall, frontwall, right wall, left wall, floor,ceiling

RECORDING devices (mics)

This is the most compteand, ultimately the most imortant section of the templatespacecan produce
output soundfiles in one of three formats:

« first order B formaf ambisonic, written to 4 channels

« second order ambisonic, written to 9 channelBunse-Malham Higher Ordefiormat

» standard stereo YA E format soundfiles
Remember that the channel data of ambisonic soundfiles is not mapped to particular loudspeakers. Rather
the data is encoded, and is not playable by standard souidfilepplications suchs theplay command
or by standard soundfile editors or miig. Ambisonic soundfiles must Becodedor a particularig (loud-
spealer setup) before tlyecan be played. Second order ambisonic files can be more accurate in certain
cases, especially when played through a rig with more than four speakease Islower to compute and
are more than twice as large.

The Recoding Devicesportion of thevspacetpemplate (lines 27 through 69) pides "mini-templates”
for creating four types of output soundfiles:
(1) parameter lines for creating B format ambisonic output soundfiles (lines 44 through 50);
(2) parameter lines for creating second order ambisonic output soundfiles (lines 52 through 58);
(3) parameter lines for creating standardWE format soundfiles that capture the direct signal and
some of the neerberation (lines 60 through 69); and
(4) parameters designed for isolating and testing treeheration (lines 71 through 80)
Often, you will need to empjoonly one of these fourecording subroutines to create a single output
soundfile. At times, heever, you may wish to empiotwo o more of these subroutines simultaneously to
create different types of output soundfiles.

To aeate dfirst order ambisonidormat soundfile, reme the leading commen# symbols from lines 45
through 50 and edit these line$o aeate asecond order ambisonformat soundfile, reme the leading
comment# symbols from lines 53 through 58 and edit these liff@sareate astereo WAVE format sound-

file that captures the direct signal and some of therlberation, remee the leading comment symbols

from lines 63 through 69 and edit these lines.iJolate and/or test thewerberation, use the fourth
"recording template,” uncommenting and editing lines 73, 79 and 80 and EITHER lines 74 and 75 (to cre-
ate a monophonic output) or else lines 76,77 and 78 (to create a stereo output).

Therecording parameter (lines 45, 53, 63 and 73) specifies the name of an output soundfile, which on the
ECMC systems will be written to your currenbrking soundfile directory§SFDIR unless you specify an
alternate path. The names of first order ambisonic soundfiles should end.wixyraxtension; the names

of second order ambisonic soundfiles should end wittmh extsions; WAV E format soundfiles should
include awavextension.

Next one must specify what type of simulated microphdeeice will be used to mak the "recording."
For first order ambisonic thdeviceshould be set tambisonic(line 46). This simulates aambisonic
soundfilemicrophone capsule, consisting of three coincident pairs (pointed forward, back, left, right up and
down) and an omnidirectional mid/hen creating second order ambisonic soundfilesemaale that the
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deviceis be set tesecond order ambisonitine 54). For VAV E format outputs, hgever, vspacepresents
several options, depending upon what we are trying to capture:
« a cardiod mic (much more sensi#  sounds arriving from the front than from the back or the
sides) creates a monophonic soundfile;
» a wincidentcardiod pair (two very closely spaced mics placed at an angle somewhere between 90
and 180 degrees) creates a stereo soundfile
« afigure-of-eight(bi-directional) mic, sensite b sounds coming from both the front or rear but not
from the sides) produces a monophonic soundfile
 an omnidirectionalmic, more or less equally sengdito sounds arriving from all directions, creates
a nonophonic soundfile

In addition to specifying &ype of microphone, we also must specifylazation within the hall for the
mic(s). Thelocation vector has three values spearated by commfafront/rear), Y (left/right) and Z
(up/dawvn), measured from therigin (0,0,0) position from which the roodimensionsare measuredPosi-
tive X values position the mic in the front of the room whilgyaeve values place it wwards the rear; posi-
tive Y locations position the mic to the left of the center of the roorgdive \alues position the mic
towards the right; positie Z values position the mic abe te center height of the room,ga&ive values
place it laver, below the center height of the room. Most often, when we are trying to capture a good mix
of both direct and rerberant sound with a single mic or mic p#irelocationwill be at theorigin location
(the absolute center of the "hall"):
location <0, 0, 0> ;

However, it is possible to place a mic anywhere within the roone tiks:

location <-2, 1.5, 3.3> ; # 2 metetehind, 1.5 meterto he left & 3.3 meter above the origin
When testing the werberation the mic (or cardioid mic pair) usually are placed near the rear of the hall.
(See ECMC example filespacelfor an example).

Cardiod pairmics require a double vectarith three valuesX, Y andZz) for each mic:

location <X, YZ>, <X, Y, Z>;
Often, acardiod pairis placed at the roorarigin and used to makaincident stereo pair recordings, as
suggested on line 65 of the template:

location <0, 0, 0>, <0, 0, 0>;

Cardiodandcardiod pair mics also require direction vector that specifies which way these (highly direc-
tional) mics are facing. A singleardiod mic requires a three digikk,y,z>) vector specifying whether the
mic is pointed forward or backwar&), to the left or right Y), up or down Z). A cardiod pair of mics,
however, require tvwo three-digit vectors, one for each mic:

direction <x, y 2, <x, Y, z»; # direction vectos for stereo mics
Thedirectionvector values usually are eith#r(pointing forward, to the left or up)1 (pointing to the rear
to the right or davn) or elsed (neutral), but aypvalue between -1.0 and 1.0 can be used to angle a mic to a
particular orientation. Unless you want to try something unusual you generally cary dhmpldeéult
directionvalues provided in the template.

Each of the fourecording mini-templates also providesgain (amplitude multiplier) parameter (lines 48,
56, 67 and 79) to adjust the amplitude of the output soundélee¥ greaster than 1.0 increase the output
amplitude, values less than 1.0 decrease the amplitude.

An optionalcore radius parameter is useful in certain cases. The output amplitude of signals is determined
in large part by their "closeness" to the microphone. When wee'rsminds around" with programs such
asvspaceit is possible to do things thatould rarely or neer happen in the real world, such asvam
sound &tremely close to (orven "inside" of) a microphone. This can result in extremely higler(énfi-
nite) amplitudes and gere clipping. If the

core radius 1;
parameter is uncommented from the template, the amplitude of sounds closer that one meter from the
microphone will be adjusted and clipping likely will beoaled. This will hae ro efect on sounds greater
than one metenveay. You can adjust the meter value to a higher or lower value if desired.

TRACK parametar(MIX and MOTION)
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Within the mix subroutine for each trackspacetphas filled in all input soundfiles (lines 85, 86 and 94)
requested on our command line with full paths avalextensions:

85 0 /sflib/africa/whispeah.wav gairl.O ;

86 0 /sflib/chinaperc/gu.c4all.wav gainl.0 ;

94 0 /sflib/env/iceskatevav gainl.0 ;
Each soundfile is géen a default starting beatof 0 and a dedult gain of 1.0. You MUST include starting
time and @in arguments for each input soundfile, and remember te thalgain argument a true floating
point value (lile 1.0rather tharil)). We oould edit these lines to makhe whisper softemake the guroll
louder and start it at beat 2.5, and startitkekateat beat 4.0, lig this:
0 /sflib/africa/whispeah.wav gairD.6 ;
2.5 /sflib/@inaperc/gu.c4oll.wav gainl.4 ;

4.0 /sflib/em/iceskatevav gainl.O ;
To read in only a portion of a soundfile, inclutiem ("skip") and/orto ("end") parameters at the end of
these lines:

2.5 /sflib/dinaperc/gu.c4oll.wav gain 1.4 fom 1.5t05.2;

Here, we skip the first 1.5 seconds of gfueroll and stop reading in samples 5.2 seconds into the soundfile,
so that the sounding duration will be 3.7 secondsvédder, snce no amplitude fade-ins or fade-outs are
available invspace this likely will cause clicks unless our 3.7 second "selection" fortuitousijnbeand
ends at zero amplitude (which is not the case witlytirell soundfile).

After setting up the input soundfile parameters for a track, we must suppldaofixime varying spatial
localization for the sounds on this track (lines 89 and 97 in the sample temphadg aklb sounds MUST
be positioned WITHIN the room boundaries (as defined inrdben dimensionsector). Threemotion
subroutines arevailable to place sounds within the soundfield of the hall: (1) one or fixe@positions;
(2) linear motion; and (3) motion by curvetdcs

(1) FIXED placement The required syntax here is:

motion {

(beat) fixed <x,z>; # initial location
[ (beat) fixed <x,z>; #location 2]
[ (beat) fixed <x,z>; #location 3] etc.
}

Example 1: 0 fixed <2.5,-3.3,1.0>;
Result: All soundfiles on this track will be placed 2.5 meters forward, 3.3 meters to the right and one meter
up from theorigin of the room.

Example 2:

0 fixed <0,3.0, -.5> ;

3.5 fixed <-1.2, 1.5, .5> ;

13.2 fixed <03.0, -.5>;
Result: Between beat 0 and beat 3.5 sounds on this track will be located 3 meters to the left and 1/2 meter
belov the origin point. At beat 3.5 the spatial placement of this track instantly shifts tev @osstion, 1.2
meters behind, 1.5 meters to the right and .5 meter up. At beat 13.2 the track position again shifts abruptly
back to the initial position. Shifts iiixed positions should only be made at points where nothing is sound-
ing on the track. Otherwise you likely will get clicks and/or artifacts.

(2) LINEAR motion : To move he sounds on a track linearly (by straight line segments) from one position
to another wer time, use thdine subrouteine, which has this syntax:
motion {
(start_time) to (end_time)ine (x,yz location1>to (x,yz location2> ;
[ (start_time) to (end_time)ine (x,yz location3>to (x,yz location4> ;]
[ optional additional lines specifying further rremnent )

}

Example: 5.5to0 15.0 line <3, 10, 0%to <1.5,-9.5, 0>;
Result: Between beat 5.5 and beat 15.@artoe sounds from a position 3 meters forward, 10 meters to the
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left to a position 1.5 meters forward, 9.5 meters to the right.

(3) Movement by ARCS : Arcs are curved ggnents — portions of a circle — which at a specified dis-
tance from a center (centre) locus poitftthe distance from the center point remains constant (which is
not a requirement), the arc will outline a portion of a circle. The syntax for usimgdtienarc subroutine
is:
(start_time) to (end_time) ar centre <centervector>
start <startvector> to <tovector> in (time)
Example:
0to 7.5 arc centre <0,0,0> #Note: no semicolon at end of this line
start <6,0,0> ;
to <0,6, 0>,
in 1.5;
Alternatively, the last three lines could be consolidated into a single lireethiig:
Oto 7.5 arc centre <0,0,0>;
start <6,0,0>to <0,6,0> in 1.5;
Result: Between beats 0 and 7.5 the sound will rotate counterclockwise, starting 6 meters in front. By beat
1.5 thesound will hae nmoved 1/4 of the way around a circle to a position 6 meters to the liefé beats
(4 * 1.5 beats) the sound will a traveled a full 360 degrees, making a circle. Since weehpecified a
7.5 beat duration for the arc, the sound will make and 1/4 nlutions around the circle.

Fixed line andarc subroutines can be combined within thetionspecifications of a track. Example:

motion {

Oto 7.5 arc centre <0,0,0>

start <6,0,0>to <0,6,0>in 1.5; #circular motion at first
7.5 fixed <-2.0, -3.0,0> ; # then for 2.5 beats a fixed location
10.0 to 12.0line <1,3,0>t0 <3,-1,0>;  # linear motion at the end
}

Result: During the first 7.5 beats the sound rotates around a circle, asin éxample abwe. At beat 7.5
the sound shifts abruptly to a it position 2 meters behind and 3 meters to the right of the oogm.
Then, from beat 10 to beat 12 the soundieadinearly from a position 1 meter foesd, 3 meters to the left
to a position 3 meters forward and 1 meter to the right. (The abrupt shifts at beats 7.5 and 10.0 may cause
clicks or artifacts if the track amplitude is not 0 at these points.)

Running vspace

When your parameter file is readlyis used as the input file ispace
vspace [flg options] filename
There is nomanpage forvspace but typing the command name with no arguments will display a usage
summaryincluding flag options. | recommend includingvd"verbose") flag, which will cause output peak
amplitude values to be displayed. Three other flag options alswvaisbke and sometimes are useful:

-e Disable early reflections.
- Disable late reflections.
-s <secs> Skip a number of seconds of output.

Multiple flags can be provided individually or concatenatedude all four flag options, skipping the first
2.4 seconds of output processing, either of the following commands would work:

vspace -l -e -s 2.4 -v parameterfile

or

vspace -le -s 24 parameterfile

If you have aeated one or more ambisonic output files, the uslityfo can display header informa-
tion for .wxyzand.fmhformat soundfiles. (Heever, sfinfowill mis-interpret the format of these ambisonic
format files as standard AVE format). Thesfpeakutility wil correctly display the maximum amplitude,
and a soundfile editor such @=zoundcan display all of the encoded channels correcily (ot play the
soundfile correctlysince the soundfile editor will not decode the four channels).

Important note: vspaceften has trouble reading the headers @M soundfiles created by applications
such asCubaseand Csound If vspaceabruptly aborts when it encounters an input soundfile, this is
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probably the reason.olcorrect this problem, use the ECMC utilfixheaderto re-write the input soundfile
with a header that all audio applicationggrefussy applications l&vspace should be able to read without
difficulty. The source soundfile will not be altered or damagedymay. The command
fixheader infilel.wav infile2.wav

will rewrite these tw input soundfiles. The "corrected" versions will be nanfigdnfilel.wav and
fix.infile2.wav After playing these ta "fixed" soundfiles to assure yourself that nothing has gone wrong,
you can gerwrite the original, "bad header" soundfiles:

mv fix.infilel.wav infilel.wav ; mv fix.infile2.wav infile2.wav

7.5.3. Whenyou havetrouble getting good results with vspace

vspacgobs run slavly. A lot of number crunching is required to compute distance coordinates, mix-
ing balances, Doppler shifts,wopass filtering, multiple early reflection delay lines and "late reflections”
reverberant diffusion. The more input soundfiles and (especially) the more output soundfiles yoy specify
and the more comptehe spatial meement, the slower the job will run.

Ambisonic output format (usually first order B format) can provide more detailed and accurate spatializa-
tion and ambience information than standar®AR format, but sdérs from some practical dmdpacks.

You cannot listen to these soundfiles direchyt must decode them into aAWE format soundfile before

they can be auditioned. As you seek to perfect all aspectygpacgob — the placement, mement and

mixing balance of the input soundfilesyaberant qualities, wet/dry mix, and so on — the cycle of editing
the parameter file, runningspace decoding the ambisonic output and finally listening to the result can
become laborious. If you are not hgppith the results you are achieving, may be mofieieht or fruitful

to break this complex, multilayered task down into more manageable, discrete séehis:lik

(1) Forget ambisonic format andwerberation for the moment. Turnfafarly and late reflection verbera-
tion, either by uncommenting thiisable early eflectionsanddisable late eflectionsparameters in your
parameter file, or else by runnimgpacewith the-e and-| flags:

vspace -e -l pamterfile or else vspace -el pamterfile
(For a complete list of alfspacecommand line options, including the(skip) and-v (verbose) flags, type
vspacewith no arguments in a shell windg In the RECORDING deccessection of the template,
uncomment, edit and then use ©e&incident stereo pair for stereoAYE output soundfilenini-template to
focus on the direct signal. Get the spatial localization and soundfile mixing paramatidrgwo your sat-
isfaction.
Remember that if you attempt to wgoa ®und too rapidlyyou may get unwanted chorusing, pitch clusters
or artifacts.

(2) Now shift your attention to the werberation, re-enabling early and late reflections, commenting out the
recording device used al® and editing the fourthrécording' " mini-template” to create either an mono or
stereo VAV E output soundfile that emphasizes theerberant signal, with thenic(s)placed near the rear

of the room. When auditioning the resulting soundfile, listen for unnatural coloration, hissing, "boingi-
ness," artifacts and other problerfrequently encountered withverberation (especially of moving sound
sources). Gehe general quality of theverberation to your liking.

(3) If both the localization of sound sources and therberation nav are working better return to
ambisonic processing. Comment out the temporary RECORDING devices that you used to test spatial
placement and werberation, reactiate the B-format "recording dece” (lines 44-50 in the templateveeal

pages back), create a B-format output soundfile, listen to it and try to perfect it.

Other ambisonic encoding and decoding applications

The vspaceprogram is by no means the only,(or mary cases, een the easiest or best) way to generate
ambisonic encoded soundfiles. For my own compositional workd traated may Csound instruments,
including extensions to theamp tsampandgran Eastman Csound Library instrument algorithms, that pro-
duce B format output soundfile€soundSncludes nes unit generators (which we i@ rot yet had time to

test) for performing second order ambisonic encoding and decoding. Externals for first and higher order
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encoding and decoding areaiable for PD and MAX® Matt Barber has written PD encoding and decod-
ing patches.

Note:vspaceds NOT an en source programubrather is copyrighted by its auth&chard Furse. Thus it cannot be included in the
ECMC Turnkey package, but rather must be downloaded and installed separately.

7.6. Decodingand playing ambisonic soundfiles for stereo and quad

Ambisonic encoded soundfiles cannot be played accunaitflysoundfile editors and mixers such as
rezound sweep audacity and ardour. The encoded channels of the ambisonic soundfile first must be
decoded for a particular loudspeaker "rig," or array — most often for a stereo or quad speaker system.

] 0 Playing B format encoded soundfiles in stereo or gplay: -b playbsandplaybg \

To decode a four channel B format ambisonic encoded soundfile and send the decoded samples
directly to the audio output of an ECMC Linux system, WITHOUT writing these decoded samplesvto a ne
soundfile, you can either

« use the standarplay command with ab flag immediately followed by 2 (for stereo decoding) or

else & (for quad decoding; or else

* use the ECMC utilitieplaybsandplaybq

play -b2 or the equialent commangblaybs (short for ‘play bformat instereo") comerts 4 channel B
format.wxyzsoundfiles to stereo and plays them with 16 bit UHJ decoding. UHJ decoding is an adternati
to standard ambisonic stereo decoding algorithms. UHJ algorithms attempt to provide sdrfesiigint-
rear locational definition,ven with stereo playback. This is not nearly afeetive as quad decoding in pro-
viding front-rear locational information, but (to my ears, at leastyiges somewhat better depth informa-
tion than standard stereo ambisonic decoding procedures.

play -b4 or the equidlent commanglaybq (short for 'play bformat inquad") decodes 4 channel B
format.wxyzsoundfiles for quad playback.

Any number of B format soundfiles can be specified for sueeabicoding/playing by these commands.

Example: playbs stringsounds.wxyztorm.wxyz bshisanidiot.wxyz

or the equident play -b2 stringsounds.wxygtorm.wxyz bshisanidiot.wxyz
Result: Three B format soundfilestringsounds.wxyz storm.wxyz and georgewbushisanidiot.wxyare
played in succession with stereo decoding.

To play these same three soundfiles with quad decoding, we would use the command:

playbq stringsounds.wxyztorm.wxyz bshisanidiot.wxyz
or the equident play -b4 stringsounds.wxygtorm.wxyz bshisanidiot.wxyz

Wildcard characters such agan be used to specify groups of soundfiles. kample, to decode/play the
soundfilesalmix.wxyza2mix.wxyanda3mix.wxyzwe ould type:

play -b2 a*mix.wxyz or  playbs a*mix.wxyz
play -h playbsand playbgcan decode input soundfiles atyasampling rate and 16, 24 or 32 bit depth.
However, owing to a current limitation, thyewill always play with 16 bit resolution, gardless of the bit
depth of the input soundfileFor more information on these utilities, consult thkaybsor playbg man

page.

0 Decoding ambisonic-encoded soundfiles into standard stereo and AW&lisdindfiles:
decb2anddecb4

play -b2andplay -b4(or playbsandplaybg are useful for quick auditioning of ambisonic soundfiles
while they are still in an encoded state. Ultimatehpweve, we will need to decode ambisonic soundfiles
into standard WV E soundfiles for a particular loudspesakconfiguration. For stereo and quad decoding,
this can be accomplished

 with the ECMC utilitiesdecb2anddecb4 usually this is the recommended method

6 For examples, see: (Bttp://www.bek.no/Members/lossius/lostblog/718
(2) http://iem.at/"zmoelnig/publications/ambisonic/ambisonic_en.html
(3) http://iem.at/Members/noisternig/bin_ambiand
(4) http://blog.soundsorangnet/?cat=7
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* with the utility ambidec

A third potential method is to use ambisonic decoding utilitedadble within theLADSFA CMT plugin packagesHowever,
most of these plugins are of marginal utility at best. The ambsémiedingplugins do not include werberation, nor filtering
and time delay based upon the location of the sound source, and thus in my opinion are prettgrthiesds wPluginsxast

for decoding existing B formatvxyzand second ordefmhsoundfiles into playable stereo, quad and cube (8 chanAMEW
soundfile. Havever, as of this writing the quad decoding plugin is besk and the stereo decoding plugin is much more cum-
bersome to use thatecb2or ambidec

The ECMC utilitiesdecb2(short for "decode a B format soundfile for 2 output channels"Yantd4
(short for "decode a B format soundfile for 4 output channels") decode a four channel B format input
soundfile at ap sampling rate and anbit depth into a standard AVE format output soundfile with the
same sampling rate andvd size. decb2emplo/s the same UHJ decoding algorithmpéesybsto corvert
the B format input soundfile into a playableAV\E format stereo output soundfile.decb4 by contrast,
corverts the B format input soundfile intogaiad WAVE output soundfile. The syntax for thesemilities
is identical:

decb2 [-b<bits> -g <gain> -op <outputpeak>] inputfile [outputfile]

decb4 [-b<bits> -g <gain> -op <outputpeak>] inputfile [outputfile]
whereinputfileis the name of (and, if necessamgith to) a single B format input soundfile and the optional
outputfileargument is the name you wish tosgito the output soundfile. If noutputfileargument is pro-
vided, decb2anddecb4will supply a defult name for this output soundfile, which will be the name of the
input soundfile, with "ST"decb3 or else "quad" ( decb4 prepended, and with theixyzextension of the
input file changed to avavextension.

Optional aguments: - -g and-op
» -b <output_bits>: specifies the word size of the output soundfile if thisedsf from the input
soundfile; alid aguments are 24, 16 or 32 (32 bit floats)
» -g <gain> : specifies a gain multiplier for the output samples
» -0p <outputpeak> : specifies a demir peak amplitude for the output soundfile; jobs run with this
argument will tak longer to decode

Examples:

(1) decb2 whistles.wxzy
Result: Input B format soundfile "whistles.wxzy" is decoded with UHJ decoding into an output stereo
soundfile named "STwhistlesaw

(2) decb2 -op 32000happytimes.wxyz happytimes.stewav
Result: Input B format soundfile "hagpnes.wxyz" is decoded into output stereo soundfile "app
times.stereo.aV'. Regardless of its word size, the output soundfile wikda gak amplitude of 32000 on
an integer scale of 0 to 32767.

(3) decb4 -0p98 picasso.wxzy
Result: Input B format soundfile "picasso.wxzy" is decoded into a 4 channel output soundfile named
"quad.picasso.av'. The peak amplitude of "quad.picassaviwvill be 98 % of maxamp.

(4) decb4 -g 1.2 -b 24 happytimes.wxyz happytimes.quad.wav
Result: Input B format soundfile "hagpnes.wxyz" is decoded into a quad output soundfile named "hap-
pytimes.quad.&Vv', which will have a 2 bit word size. All output samples are multiplied by 1.2, so the
output amplitude will be 20 % higher than with default decoding.

For more usage details consult ttinpage for decb2or decb4

Alternatively, Richard Furses ambidec utility can be used to decode a 44.1k, 48k or 96 k B format or a second
order 9-channeffmhencoded soundfile into standardW\E format output soundfiles for amf about 10 speaker con-
figurations, including stereo, quad and 8 chanmtdwever, ambidechas a significant limitation: the input soundfiles
MUST have 16 hit resolution, and the decoded output soundfile also wilete b hit word size, making this utility
unusable for high resolution audio. The syntax for this utility is:

ambidec [flg options and argments] inputambisonicfile [outpétVEEfile]
If no output WAV E format soundfile is specifiedmbidecwill supply one, using the base name (minus.tineyzor
fmhfilename extension) of the input soundfile and appendingaextension.

There is nananpage forambideg but typing the command name with ngaments will produce a usage sum-
mary that includes flag options. By deaft,ambidecwill produce a stereo decodingo decode an ambisonic file for a
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horizontal quad rig, rather than for stereo, useithequase option:

ambidec -r squa inputfilewxyz outputfilavav
Also by debult,ambidecand will normalize the output soundfile so that its peak amplitude is maxamp. This normaliza-
tion increases the length of time required to perform theasion, since the program must scan the ambisonic file for
its peak amplitude.dbypass this normalization, include@flag and a gain (amplitude multiplier value):

ambidec -g 1 inputfile  (no adjustment made to amplitude)
ambidec -g 2.3 inputfile (output peak amplitude will be 2.3 times the input peak amplitude)

7.7. Cubic8 channel decoding (decb8) and playback (8play)

Hardware and softare installed in the Linux sound room in 200&vnmake it possible to decode B
format soundfiles for eight audio channels, and then to play these 8 channel souwvelfilessoondary
audio system that leads to the eight Ma@@d loudspeakrs in room 52. Decoding a B format soundfile
for eight channels is accomplished by using the ECMC utiliigh8 In smple usage, without flag
options,decb8works almost ractly like decb2anddecb4 but instead creates an 8 channe\E output
soundfile. Most often, the output soundfile is designed for playbaskaoaubic 8 speaker rig, with an
upper quad speaker array (four speakers in a square or rectangteeabtevel) and a lower quad array
(four speakers in a square or rectangle Wwedar level). The eight Mackie speaker array in room 52 is
arranged in this format.

Example: decb8 mix1.wxyzmix1.8ch.wav
Result: Input B format soundfilmix1.wxyzs decoded into 8 channel output soundfiigl.8ch.wav

The eight audio channels usuadlse designed for routing to the following speaker locations:

Standard 8 channel cubic loudspeaker rig (with American numbering of channels)

——————————————————— (front wall) -----------------
1 (upper left font) 2(upper right front)
5 (lower left front) 6 (lower right front)
(<- left wall) O Listeners facing forwardl (right wall ->)
3 (upper left ear) 4(upper right rear)
7 (lower left rear) 8 (lower right rear)
——————————————————— (rear wall) -----------------

Speakers iiitalics are placed ah@ ar level (upper quad speaker array)
Speakers ioldfaceare placed belws ear level (lower quad speaker array)

Note: The figure abe is not "drawn” to scale. In most rooms the left and right walls are longer than the front and rear walls.
Note also that in European channel numbering the numbering of channels 3 and 4, and of channels 7 and 8 vareauffeo that
audio channel 3 = upper right rednannel 4 = upper left reaf = upper right rear8 = upper left rear

Unlike decb2and decb4 howeve, decb8includes options for additional ambisonic processing and
modification of the input B format soundfile, and also an option for an altexrepgaler setup. The full
syntax fordecb8 including flag options, is:

dech8 [-| <level>] [-0 <speaker_orientation>] [-r <ptation>] [-t <tilt>] [-p <pitch>] inputfile [outfile]
where:

« inputfileis the name of the B format input soundfiley(aampling rate and bit depth)

« outfileis the name of the decoded 8 channel output soundfile
If no output soundfile name is pided, the output soundfile will ke the same name as the input soundfile, but with
oct.prepended and with thevxyzextension replaced byvav
Example:  decbh8 finalmix.wxzy
Result: Input B format soundfifenalmix.wxzyis decoded into an 8-channel output soundfile namse@inalmix.wav

« the optionall <level> flag, followed by an argument such as 1.2 or .75, specifies an amplitude mul-
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tiplier for the output samples, muchéilhe-g flag and argumenailable indecb2anddecb4’
« the optionalo flag and its "speaker_orientation" argument, which currently must be eitlagyram
b, specifies an intended 8 channel speaker rig configuration

« the optionaltr, -t and-p flags, and their integer arguments, igdEes, specify a "turning" or "rota-
tion" of the entire soundfield along either they or z axis, so that all or most sound sources will be
shifted to a m& locational position.

Typing: decb8with no arguments will display a usage summary with examples.
The-o speaker orientatiofiag:

The-o flag, folloved by a space and a lower casepecifies that standard ambisonic cubic speak
assignments (shown in the figure e#)de wsed. This is the default spesfeed decoding, and thus gener
ally is not specified However, if instead theo flag is given an agument ofb, an dternative autput channel
decoding matrix is employed in which channels 1 through 4 are designed to feed a front 4 speaker array of
two raised and tw lowered speakers (lkthe front four Mackie824 spealers in the studio), while channels
5 through 8 are inteded to feed a rear 4 speaker array (such as the rear 4 Mackie speakers).

An alternatve anbisonic cubic rig
8playorientation b:

Normal ambisonic cubic rig
8playorientation a:
(corresponds to the preceding figure)

Soundfile channel

Upper quad array:

Output speaker

Soundfile channel
Front quad array:

Output speaker

1 ->  upperleft front 1 ->  upper left front
2 ->  upperright front 2 ->  upper right front
3 ->  uppereft rear 3 ->  lower left front
4 ->  upperright rear 4 ->  lower right front

Lower quad array:

Rear quad array:

5 ->  lower left front 5 ->  uppereft rear
6 ->  lower right front 6 ->  upperright rear
7 ->  lower left rear 7 ->  lower left rear
8 ->  lower right rear 8 ->  lower right rear

Note: If you decode a B format soundfile with th@ b option, and then play the decoded 8 channel
soundfile in room 52, the, y andz coordinates will not be correct. Rath#his option could be useful in

case you eer need to decode a B format soundfile for an 8 channel playback system that is configured with
hardware channel routings kkthose in the right hand columns in the chartvabor if you simply want to

"fool around" with the decoding matrix and hear what results you gen, though these results are not
"correct." In the future, we may implement additioraspeaker assignment options.

Rotate tilt and tumble (pitch) soundfield manipulatipmad some fun with a basketball
[ As a visual aid to the following discussion, you may find it helpful to look at thye Eigure 1diagram about 2/3 of theay
down in the online articl8patial Hearing Mechanisms and Sounds Reprodubtydd.G. Malham at:
http://www.york.ac.uk/inst/mustech/3d_audio/ambis2.htm
This figure also is reproduced near the top of this web pagép://ccrma.stanford.edu/"isak/220c/math.himl

The-r, -t and-p options todecb8 which can be empied individually or in combination, enable us
to turn, or rotate, the entire soundfield along some axis or combinatiorfExs requires somemana-
tion.

Imagine that you are inside of a very large basketball. Imagine, too, that all of the sound sources are
located at various points around you inside the dthsi, and that theare attached by invisable, $tifods
to the surface of the basketball, so that turning the basketball will result in a corresponding change in the
position of each sound source. Bear with me here. Imagine further that a gerpdar of invisible hands
appear and twist, or turn, the basketball toa pesition, rotating it to the right or left, or forward or back-
wards, while you remain immobileEverything has meed except you, and all of the soundswngeem

7 Unlike dech2and dech4 decb8currently hasno -op flag option for specifying a desired peak amplitude
output, and neb option for changing the word size.
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positioned in a ng location, although the distance and angle betwegnsamd source and grother

sound source has not changed. The orientation of the entire soundfield — the left-right, front-rear and up-
down positioning of each sound — has been shifted. This is what happens when we perform ambisonic
soundfield manipulations.

If this fantasizing of invisible rods and hands igibaing to irritate you, think afoundfield manipu-
lation in a simpler vay. While listening, you turn your head to the right or to the left, or tilt your head up or
down. Inthis case, although the soundfield has remained constanpiyeutationto this soundfield (your
sense of "up-down," "left-right" and "front-rear") has changed, producing a similar perceptual result.

A soundfield manipulatiors defined by three angles, measured from 0 to 360 degrees, that describe
(in the threex, y andz dimensions) the direction in which wevea'turned the basketball" or "turned our
head." D describe an possible meement of the ball or of our head, we need to specify an angle of dis-
placement around the front-reagxis, a displacement around thaxis, and a displacement around the
axis.

Imagine that our basketball ("Oh no! Not again!") has been painted with a white dot that currently is
positioned directly to our right (at 3 o’clock), equadistant from the top and bottom of the ball.irfipaé
pable hands rotate the basketball so that the white dowiglinectly in front of us (at 12 o’clock), but at
the same height (still equadistant from the top and bottom of the ball), the soundfield has been rotated 90
degrees counter-clockwise around thexis. This is called ambisoniotation. The x (front-rear) andy
(left-right) coordinates of each sound sourceehdnanged, bt thez coordinate, or axis of rotation, has not
changed. @ accomplish this 90 degree rotation witbcb8 we would use the command line:

decb8 -r 90 infile.wxyz

If the incorporeal hands moturn the basétball again so that the white dot is re-positioned directly
abore w5, the soundfield has been shifted 90 degrees counter-clockwise (to the "left") aroyrakithe
This type of soundfiled manipulation is calleombleor, in the case oflecb8 pitch. The x andz coordi-
nates of each sound sourcedahifted, but they coordinate is unchanged. (The white dot is still neither to
our left nor to our right, but rather remains centered ory #eds. To perform this manipulation witdecb8
we would use the command line:

decb8 -p 90 infile.wxyz

As if by magic, the intangible hands reappear yet again and twist the basketball so that the white dot
is restored to its original position (3:00, directly to our right, equadistant between the top and bottom of the
ball). In this case the soundfield has been turned -§feds (or 270 degrees) around hexis, a manipu-
lation calledtilt. They andz coordinates of each sound sourceehehanged, but their front-rearco-ordi-
nate remains unchanged.

Thus far we hee "turned” the soundfield ("bastball") in only one Cartesian direction at a time. T
describe ay possible three-dimensional,(y, 2) respositioning of the white dot (and of the soundfield), we
need to specify a rotation angle, a tilt angle and a pitch (tumble) angle between the original and the ne
positions of the white dot. If one or tvof these angles is zero, it can be omitted. In ambisonic processing,
these angles by ceention are measured countelockwise (tavard the left). Ngaive angles create clock-
wise mavement (tavard the right). Note that when more than one soundfile manipulation is performed (e.g.
rotation and then tilt), the order in which these are specified on the command line (and thus in which order
they are performed) may be important.

Example:decb8 -t 120 -0 -r -45 polka.wxyz

Result: B format soundfile is decoded for 8 channel output soundfileolka.wayv The soundfield
is tilted 120 degrees counter-clockwise, then a Gf¥edpitch (tumble) is performed, and then the
soundfield is rotated 45 degrees clockwise.

For more information and examples, typedech8 with no arguments.

7.7.1. Eightchannel playback: play -8

In the Linux sound room 8 channel decoded ambisonic soundfiles are pleyddeoeight Mackie
824 speakers with the commapldy -8. The alias abbreations8play, play8 8p andp8 also can be used.
The large rotary black knob on the BlueyS®MC controller is used to control the listeningdevolume,
as with allplay commands.
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Example command lines:
(1) play -8 schnittk.oct.wav
Result: 8 channel soundfisehnittie.oct.wavis played wer the 8 Mackie speakers.
(2) p8 mix1.oct.wavmix2.oct.wav testmix.quad.wav
Result: The three specified soundfiles are played. (The third souteHiimix.quad.waus presum-
ably a quad soundfilplay -8is capable of playing stereo and quad soundfiles through the Mackie
speakers).

play -8also include a flag option to produce playback with speakientatiorb (see section 7.7), althugh
this option is rarely used:
play -8 -80 b pizzline2-1.wxyz

7.8. Mixing B format soundfiles: mixb and mixbsc

Soundfiles encoded in B format cannot be mixed together properly with standard soundfile mixing
programs such agrt, audacity ardour or Cubase Howeve, you can use the ECMC scriptsixb and
mixbscfor this purpose. This section provides quickstart instructions for using theseripts to mix tvwo
or more B format 4 channel soundfiles. These instructions do net alb aspects of using these aw
scripts, but can get you started with the most common and simplest tasks for mixing B format soundfiles.

mixb runs Csound in the background to mixotar more B format soundfiles togetheAll of the
input soundfiles MUST

(1) be in B format, with 4 encoded channels

(2) hare the same sampling rate (96k, 44.1k or 48 k)

(3) have the same word size (24 bit ints, 16 bit short ints or 32 bit floats)

Csound requires an orchestra file and a score file. Three steps are required to mix B format sound-
files with mixbandmixbsc:
(1) First runmixbsc This will create a Csound score file template (similar tosthefiles produced
by scorel) for the mix.
(2) Edit this score file template, filling in a start time and an amplitude multiplier for each soundfile,
and also, if necessarg dobal amplitude multiplier that #dcts all input soundfiles. When the score
file is ready,
(3) Runmixbwith appropriate flags for the type of output you want. This will
O create a temporarpidden Csound orchestra file, and
O run Csound to mix the soundfiles in your score into an output soundfile, or else to mix the
input soundfiles in real time and play the result
Typing mixbscor mixb with no arguments will produce a usage summatgweve, both of these scripts
have mary options that | occasionally usetyyou probably will neer need, and so the usage summary may
seem gerly complicated. In addition to adjusting the start times and amplitudes of each input soundfile --
changes that are almostwal/s necessary -mixbscand mixb also enable you to alter the amplitude
ervelopes of the input soundfiles (e.g. with fade-insamtefouts), to transpose them in pitch, and to intro-
duce time wrying transpositions (glissandi). These more advanced features aeanetl in the quickstart
instructions presented here, because you probably will not need them, and because this section of the
Users’ Guidealready is too long. Heever, these features are discussed inrttenpage formixbsc In the
discussion that follows, it is assumed that you simpntwo mix two or more B format soundfilesadjust
their start times and scale their amplitudes, without introducimg ameplitude emelopes, skipping into
these soundfiles, or transposing them.

7.8.1. Using mixbsc

To dmply mix 2 or more B format input soundfiles, a notef in the score file with 5 parameters is
required for each input soundfile.o(8Eter the amplitude amlope, skip a portion of a soundfile, or trans-
pose a soundfile, 11 additional p-fields are required. These 11 additional p-fields areerext bere.)
mixbsc has 2 flag options:

* -sproduces a "short" or "succinct" score file, without comments and with only 5 p-fields. | recom-

mend that you use this flag to create "simple" score files.

« -v produces a "verbose" score file with all 16 p-fields are lots of comments.
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If neither a-snor a-v flag is included, a score file is created with all 16 p-fields but only adenments.

If I want to mix 3 soundfiles named mix.wxyza2mix.wxyzanda3mix.wxy2 would type:
mixbsc -s almix.wxyz a2mix.wxyz a3mix.wxyz
This will display the following score file template:

; SamplingRate 96000adSize 32 bits ; DO NDALTER OR DELETE THIS LINE
;60 0 1025 5 .005 1024 1.; exponential function for glissandi
;200 0; to Kip into the output uncomment & chane last O to a skip time

il 0 1. 1. ; p4 = GLOBAL AMPMULTIPLER {0=1.}
i2 0 7.29 "/snd/allan/SUBMIXES/a3mix1.wxy2a"
i2 0 6.11 "/snd/allan/SUBMIXES/a3mix2.wxy2a"
i2 0 21.08 "/snd/allan/SUBMIXES/a3mix3.wxy2"

e ; end of score; this must be the last line

If this template looks okaynd no error messages appeapeat the command and capture the output
into a score file:
II'> Amix.bm or
mixbsc -s almix.wxyz a2mix.wxyz a3mix.wxyz > Amix.bm

This will create a score file calleimix.bom You can call the outputfile anything youdik I customarily
append thexension.bm (for "b format mix") to the names of my B mix scorefiles so that Wktiat this
file is a score file fomixb, but this is certainly not required.

Do not change the top line the top line in the score or agldreas before it:
; SamplingRate 96000adSize 32 bits ; DO NDALTER OR DELETE THIS LINE
This line is used bynixbto set the default output sampling rate and bit depth for the mix.

Semi-colons ;) are comment symbols, and when Csound parses this input score and encounters a semi-
colon it will ignore the rest of the lineNote that "notes" for 2 instruments are created in this score. Instru-
ment 1 (i1) preides a global amplitude multiplier and has 4 p-fields. Instrument 2 (i2) reads in the input
soundfiles:

(p1) (p2) (p3) (p4) (p5)

(instrument number) (start time) (duration) (inpussoundfile) (amplitudenultiplier)

i1 0 1. 1. ; p4 = GLOBAL AMP. MULTIPLER
i2 0 7.29 "/snd/allan/SUBMIXES/a3mix1.wxyz" 1

Now you must edit this scorefile with a text editor such as vi or nedit. Here is an example of an
edited version of this score, in which Meachanged the global amplitude multiplier and the start times and
amplitude multipliers for each of the three input soundfiles. These changes are shown here in bold font:

Example of edited score file:
; SamplingRate 96000WordSize 32 bits ; DO NDALTER OR DELETE THIS LINE

;{60 0 1025 5 .005 1024 1.; exponential function for glissandi
;2000 ;to Kip into the output uncomment & chanye last 0 to a skip time

il 0 1..85 ;p4=GLOBAL AMPMULTIPLER {0=1.}
i2 0 7.29 "/snd/allan/SUBMIXES/a3mix1.wxyz35

i2 4.75 6.11 "/snd/allan/SUBMIXES/a3mix2.wxyz"72
i2 9.33 21.08 "/snd/allan/SUBMIXES/a3mix3.wxyz"65
e ; end of score; this must be the last line

In this mix:
*» Soundfile "a3mix1'will begin at time O (p2) , and has an amplitude multiplier of .35 (p5).
» Soundfile "a3mix2'will begin at time 4.75 (p2) , and has an amplitude multiplier of .72 (p5).
*Soundfile "a3mix1Wwill begin at time 9.33 (p2) , and has an amplitude multiplier of .65 (p5).
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Note the p5 acts as an amplitude "fader" or multiplier for each input soundfile. There is also a "global"
fader, or amplitude multiplier that affects ALL soundfiles in the mix. This globabér is found in p4 of
instrument 1:

i1 0 1..85 ; p4=GLOBAL AMPMULTIPLER {0=1.}
In this case, | hae st the global amplitude multiplier to .85 Thus, the samples in input soundfile
a3mix1.wxyz will be multiplied by .35 and then by .85, for a total gain of .2975. If the soundfile is at max-
amp (32767), its output within the mix willvaa gak amplitude of 9478 (.2975*32767).

If at some time in the future | decide that | want to add more input soundfiles to this mix bigsay
mix.wxyzandlittlemix.wxyz— I could run this command in a shell window:

mixbsc -s bigmix.wxyz littlemix.wxyz
and then, from the resulting dispjappy and paste the twlines

i2 0 29.33 "/snd/allan/SUBMIXES/bigmix.wxyZA"

i2 0 5.84 "/snd/allan/SUBMIXES/smallmix.wxy2"
into my score file, probably near the end butvabhe line

e ; end of score; this must be the last line

which MUST be the last line of text in the file. | then can edit the fignagnd adjust the start times and
amplitude multipliers for the tavnew input soundfiles.

7.8.2. Usingmixb

When the score file is ready it is time to create the mix by rummig The syntax for running
mixbis:
mixb [flags] scorefile [OUTFILE]
wherescorefileis the name of the score file we just created@Od FILE is the name of the output sound-
file. One or mordlag options determine the format of the output. In the case of austare file, we first
want to test it by playing the mix, sending the output samples directly to the sounde@sdddher than
writing these samples into an output soundfile. pay a mix with quad decoding, use th4 ("play in 4
channels") flag:
mixb p4 Amix.bm
To play the mix with UHJ stereo decoding instead, include ejiBdiag:
mixb p2 Amix.bm
If we are not completely satisfied with the result we can continue editing scoferikebm playing it
again, editing agin, possiblyadding more input soundfiles, listening toahthhe mix sounds in both quad
and stereo, and so on until we are satisfied with the output and ready to write it to a soundfile.

The default output soundfile format is B format. Flag options that caudeto write to other for
mats include:
» s: standard ambisonic stereo decoding into a thannel VAV E file
* 2 : UHJ decoding, an alternaéi dereo decoding method that | bekeaeates SOME sense of
front-rear placement; | recommend using théag (UHJ stereo decoding) rather than 2i{standard
stereo) flag wherver writing a stereo output file. Reever, you can try both flags and determine
which decoding you prefer.
» 4: decodes the output for quad and writes the samples to a four chafVviEl fiké
[ 8: decodes for 8 channels and writes the output to an 8 cham&EVile (notyet implemented
as of this writing) |
The sampling rate and bit depth of the output soundfile will match that of the input soundiilegetihe
word dzecan be changed by includingdSor WwsiR flg followewd by 16, 24 or 32.

Examples:

mixb 2 Amix.om Amix.wav
Result: The mix samples are written are written to a stereo (UHJ decoded) output soundfile named
Amix.wav

mixb 4 Amix.bm Amix.quad.wav
Result: The mix samples are decoded for four spsaknd are written are written to a quad soundfile
namedAmix.quad.wav

mixb Amix.bm
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Result: The output samples will be in B format. Since wee mat provided a name for the output sound-
file, mixbwill create one for usAmix.om.wxy#the name of the input score file plus an extension that indi-
cates the output format).

mixb 4 ws 24 Amix.bm Amix.quad24.wav
Result: Quadiecoding with 24 bit word size written into the output soundfitéx.quad24.wav
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