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ABSTRACT: Ambisonic systems store informauon about three dimensionai
soundfields that can be used to produce via & suitable decoderfloudspeakur array the
illusion of true three dimensional sound unages. it can be shown from micnmation
theory that to reproduce the soundfivld present 1 a two metie sphere 100,000
chaanels are needed, Ambisonics is based on stonng only the mfoimation that wola
be avallable from a simple combination of microphones and then providing a way of
using that mformation to feol the ear o percaving a full soundlield. The simplciiy
of the svstem means that compiex manipulations of soundfields ate easilv
accomplished using computers.

When faced wilh the need 1o position sounds it space. other than over the somewhat
fimited sound stage of the convenuonal sterec presentalion. composers of amplified music have
been limited in their choice of techmique. A multirack tape or other muitichanne! source of raw
material can be diffused thiough a multispeaker array in the performane space. This s equivalent 1o
treating the sound diffussion sysiem as a musical intrument. As such it needs a highly skilled
pedormer to get the most out of it At i best. the results can be mghiy satisfyimg. at its woist i
can be disastrous. Either wav. the composer may well not have any control ove the diffusion
process. The only other technique which has been widely used up to now Is to have sounds panned
into a multichannel system. each channel of which is aliccated to one loudspeaker. This s most
widely available as the four channel output option in Csound and other systems.

This so-called "guad’ system s baseéd on the premise that if siereo ("two holes 13 a wall™) i
better than mono (“one hole in a wall”) then quad must be better still. Unfortunately. as ESTeAS
well known. this is untrue. Siereo is best when the two speakers subtend an angle of 60 at the
listener. 1f. however. a four channel system is set up 5o as 1o meet this citerion the side speakers
will subtend 120 angles so at best. side images will be sevetely unstable if they are attainable at all.
Using a squate format, this can be mitigated somewhal. at the expense of reduced front and rear
image quality. Composers can work round these problems by carefuily tailosing the sounds i the
studio but this work can all be'wasted if the performance speaker array does not closely match the
original studio speaker fayoul. Even with this tailofing it has been shown that the pairwise panned
quad format contains redundant information. conflicts within which causes the instability in the
mages. 1t is also. of course, wasteful of channel capacity.

Duting the early seventies. techniques wee evolved which removed the redundancy wlhilst
extending the information camned by the four channels of the quad {ormat to include height
formation. The conilicts which degraded image stability were also removed.

Research into directional perception resulted o methods of using the fipur channcis of
information to provide a psvcheacoustical optimised set of speaker dnve signals for any sensibie set
of symmetrical arranged speakess. Systems which ase pased on techaigues which have these
features include the BMY system from Nippon-Columbra and Ambisonics which was developed n
Britain. Of these. Ambisonics is the most lighly developed Tt was concieved as @ recording svstem
to allow the captunng and reproduction the Full acoustic image (soundfield’) thar a listener would
percieve in a five situation. There s even a nucrophone available - the Soundfield microphone -
which produces all four required signals simuitancously. 1 should be noted that the Dolby surround
sound system “soundfield” 1s not a soundlictd w this techmeal sense of the term. '
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Basic signal definitions

Whilst the Ambisonic svstem was evolved as a reeotding rechnology. the equations which
gover the relatienships between the four channels wlhich make up the studio format signals
frechnicaily known as "B fonnat signals) are simpie enough to allow eas manspulation with &
computer program. The signals are cguivalent to those that would be produced by thiee mutualb
peependicular figure of eightaucrophones and one ommiditectionat microphone. These may be

witttlen as -

X = cosldlcos( A (forward facing microphene} (1)
W= (0707 temmdirectional muciophone) (2)
¥ o= sl dicostA (sidewavs facing miciephoned(3)
Z {x {

= sl ipwards facing micophone) (4)

for a sound source with a honzontal displacement angle of A measured antiockwise from a

centre front position and a vertical angle of &. The constant factor of 0.707 in the omaidirecticnal
channel s based on engineenng considerations, reflecting the need to have ioughiv egual evels m
all channels. and is not required for the basic theory 1o work.

¢ of a notional unit sphew arcend the

1f we constrain the sound scuics 16 move on the surfac
listenern we can simphiy these equations even further i0

X =x
W o= (0.707
Y o= '
Z=17

where xovr are the oramary Cartesian coordimates of ine sonnd souice. Constrauung i G
move on the surface of a sphere is cguivalent 16 requinng that {x3 + ¥2 = 7899 = L.

These defimuons do not meinde a distance component. We will see later how distance cues
may be accurately coded, but for aow we will just note that the techmgue that is used m anaiog
Ambisonic systems is to reduce the XUY.Z signals and merease the W osignal This gives an
unpression of the sound moving towards the Hstenes. IF ihe ¥.Y.7 signals are allowed 10 80 10 2210
and then increase again but with opposite sign. the sound appears 10 pss through the listener and
emerge the othet side. In this case the RMS vaiue, if we may cali it that. of the X.Y.Z values must

be equal to or less than 1. Typically the omnidirectional signal s made 10 o vary ast

Wo=| —0.203x2+v2+ 22 (8)

which keeps the overali volume reasonably constant. [t mught. however. be more appropriate
10 have the overall level increase as the sound is panned towards the listener as this is more natural,

[t is possibie to place as many sound sources as vou ke i a soundhieid, simpty by nuxing
their ndividual B format signals into a master B fonmat. The oniy mandatory tequirement is that if
you wish the sounds to temain in their original relative placings then any processing (fading,
egualisation ete.) that is done to one of the channels in the B format signals of that sound must also
be done to all its other channgls, So if you want to reduce the level of one particular sound w the
final image you must teduce all four of its B format channels egually, Similarly. if you wish to
seduce the high frequency content. you must use the same fow pass filter -on each of the fous
channets, The only exception is reverberation. I vou add reverd 10 all the components of a sound




source’s B format. the reverberation will tend to appear to be coming from the direction of the
sound and not from the diffuse acoustic field of the room you are simulatng. linde: some
circumstances this might be a useful effect but it does not correspond to natural reverberation, The
topic of teverberation wilt be covered more fully {ater.

Apart from the advantages thal we have seen 50 far. the most attractive thing about
Ambisenics from the computer musicians’ pont of view s the extractdinary ease with which
manipulations of whoie sound images containing arbitrary numbers of sources with ambitian
positions can be manipulated.

Soundf{ield manipulations.

In a conventional quad system with pairwise panned matenal, if the composer decides afte:
completing some complex sound image 1o move the image say 25 degiees to the right. the oniv
wav it can be achieved 1s to recompiie the whole thing agan with ali the panning pesitions shiftee
25 degrees. I the sound mmage was w1 Ambisonie format. the following tiansformation of the fou:
channe! B lommat scundfile would do the same job and take a lot tess computing power

X = X.cos{~25) - Y.sin{-25) (5
Y = Y.cos(-25} + X.sin{~28) {6}
W =W

=7

where X WY 2" are the B format signals i the rotated output soundfile and X.W.Y.Z are
the cotresponding signals in the input souncfile. The minus sign for the angle is ocecause 11 8
clockwise rotation.

This can be extended to the vertical axis as well with only a moderaly increase n
computational complexity. To give vou some idea, hete is the fermula for rotate then it

X =X.cosla/~ Y sinfa/ (7

W= W

Y = Y.cosalcos/s/ + Xsinfaleosid/ - z.sinfb/ (8)
7' = Z.oos/l/ « Xsindalsind/ + Y.cosa/sinlb/ (9

whete @15 the angle of rotatien and & is the angle of nit. It should be noted at tins pownt,
that the formulae presented n this paper hold true for soundfhields of any complexity, even those
pioduced by from live soundfield recordings wihueh. for reverberant spaces. can have an essenhaliv
infinite number of separate sound sources.

B format signals can be mamipulated to provide even more exouc rransformations. For
mstance. by cross blending the X and W signals in‘appropriate amounts it 1s possible 1¢ zoom i sh
sounds that are erther to the front ot rear of the listener. This effect has been called "dominance’
and can be desctibed by the formulae:

X=X +{2dW {10)

W =W + LdX (11}
12

Y = fTd2. Y (12

FARTIE A {13}

whete d vanes between +} for [zontal sounds dominate 10 -! for back scunds dominate.

In analog systems it s usually to allow frent-back or up-down dommnance oniy, due to the
complexity of the controls required. In & computer based digital system it s a refatively simple
“matter 10 point the dominance function in any direction. While this might not newssaniv be of any



use when dealing with synthesized soundfields. when dealing with natural scundfields it can be of
great use in emphasizing particular sounds.

- Another effect that might be of interest is the soundfield miror. If you muitiple the Y
channel. for instance, by a factor which varies from +1 to -1 the whole soundiieid will vary {rom
normal through an image on a single vertical plane going vertically front-back {when the muitiplier
equals zero) to an image with left and right exchanged. Again, it is easier to extend this ¢
arbitratily otfiented mirroring planes when manipulating the B formal signals in the digital domam.

As | have reported elsewhere (ref 15), all these effects can be applied simuitaneousty to the
B format signals by using a matny multiplication of the formi

Kurmk Xk Wakg¥ +k 7
Moo=k 5 kg Wk =Y K/
th=kqx +K EO\V +K, |Y +k 12[

X =% 13X vk g Wk 5¥ vk 7

where the channel idennifrers have the same meanmg as before anc the coelficients ky = <4
are formed by appropiate malny cperations from the muitipliers of such equations as (5} w0 (13} as
requited. |f spatial manipulations are coded at a k—ate lowe: than sampie rate. as 15 normal. ths
represents a considerable saving 1 computation when more than one manipuiation ¢ needed on any
given soundfield

All the manipulations so far covered have been frequency independent. Furthermore. scunds
panned 1o the sound image have sharp. pin-point localisation. but it will often be desirable to
have a mote diffuse presentation. We will be presenting a paper ai a later date on means of
synthesizing extended radiating sutfaces. but hete we just note that by adding phase shift networks
in the signal paths it is possible 10 make to produce frequency dependent encoding of direction.
This causes compenents with different frequencies to come from different directions. The effect of
this is best on complex sounds when a diffuse spread of scund is desired but it may be that the
automatic change of source localisation with pitch that 1s obtained with simple sounds could be a
useful operator. The precise mechanisms and applications of technigues such as this are far too
extensive to cover hete but figure | is included to give some indication of the possibiiities. This
takes the two input signals and spreads one around and around a circle above the listener and the
other around below the listener.
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Reverberation

One simplistic way of adding reverberation 1s to take the W signall pass it to a reverberator -
and mix the output of the reverberator back nto the W channel. While this does work to some
extent, it does break one of the main conditions for Ambisonics systems. namely that for any
competently designed loudspeaker array the sound image should be the same. within the s o
the acoustics of the perfermance space.

An alterpative appioach is 10 use the sounc spreader approach mentioned above, The 1wo
inputs of the spreader of figute | are fed with separate reverberated inputs derived from the W
signal and then nuxing ihe resultant B format signai with the dry B format. in order 10 avod conmb
filteting effects it is important that the 1wo inputs ate not corelated to any significant degree. If
this is a problem, a delay of 20-30 mS can be ncluded in one channel.

Whule this approach does work. 1t is limueg by its design ongins, which wete anaiog. It 1
possibie te do much better n the dignai domain by using an Ambisonics based room simulauion,
Conventional ray tracing methods for simulaung the effects of eatly reflections by setting up
multiple phantom images of the souice can be ennanced by providing each phantom mage with its
own set of B format signals withun the finaj nux that s sent 1o the overall reverberator. Tius king
of approach can be extended as far as the avaiiable computing power will allow. It is possible 1o
use different severberators for different directions in the soundfield. thus giving more contiol over
the final sound image properties.

Simylation of Distance

As was intimated eathier, the techiugue used 1 anaiog systems {or providing a sensation of
varyig sound source distance is waorkabie but is not the best that can be achieved. Sound images
created 0 that way have most distant positions which correspond soughly to the radius of the
sphere on the suidface of which the loudspeakers are placed. As with the simplistic reverberation
using the W channel onty, this does not make best use of the potentalities of Ambisonics. As the
sound 15 moved towads the Listener, the scund 'mage becomes more and more indistinet as the
amouul of directional information. wiuch s camed by the XY and Z channels. w reduced. A
moments” thought will show that in real siuanons, the directional mformation does net teduce as a
sound source moves towards you, except i the distinetly unnatural case of a sound moving inside
vour head. In fact, the XY and Z channels should ncrease m amplitude along with the W
component untid the centre point is reached. whereupon thev should smoothly revesse in phase with
respect to the W component and then all four shouid then start reducing in amplitude agai.

Digtance cues in natural soundlields are provided by a number of different mechanisms. most
of which tend to be rather difficuit 1o handle in the anaiog domain and relatively easy to simulate
digitally. These mechanisms include:

a} Acquired knowledge. -

Mental modelling of the loudness of kunown sound sources enables judgment of theu
distance on loudness zlcne.

b) Reverberation.

[n a reverberant soundfield. the level of reverberation stays roughly constant, wheseas the
level of the direct sound varies with distance,

c) Early reflections.

The pattern of early reflect:ons produced by a sound source in a non-anechoic acoustic
changes with changing sound source position. This can provide cues not just for distance but for
many other things as well. For instance, a phenomena that was observed early on by the author
was that even on horizoental only Ambisonic presentations with familiar sounds such as pianos. ot
was possible to get a distinet impression-of the height of the Soundfield miciophone, ¢rew fﬁoalg//s



20 hegght mformation was beig reproduced, This effect has since been reported m the literatuie. it
could possibly be due 10 the brain interpreting the comb fijter effect caused by the path length
difference between the direct sound and the fist reflection off the floor. There is a known
plienomena. that may pe related, whereby white nose presented over headphones can be made 1o
produce the sensation of a tore moving up and down in space by using a filter to ceeale notch of
varying ltequency. All these cues are easy to synthesize using.a reasonabty detailed model of the
acoustic space we are trying te oroduce. By working with Ambisome signals. we can improve the
modelling accuracy. particulatly of the carly reflection pattem. because 1he modetled sounds can
have true thiee axis direcuons asscerated witl them. The prospect s for both fat closer modelling of
real spaces together with 2 much wide range of possibilities for producing virtual spaces wiich an
not physically realizable.

Fusther Develepments.

It is mierssting to npote thal even greater preision s possible < vou add second order signals
(W 15 a zero oider signal and X.Y.Z ate first order) 1o the B formar (ref 16) 1o give a mine channel
svgtem. These extia channels are of the type x.v. x2=y& 372-1. %z, v.z and thew presence does not
affect the onginal four B format signals so the svsiem is downwardly compatible. What vou would
do with all thus extra precision 15 uncertam as no=one has published any decoder design nformation
vel,

Ambisonic_sound diffusion systems

Decoders are designed to take the B format signals and apply them o anamay of speake!s
in such a wav that the contribuuion fromy each speaket adds vectorially at the fistening position 1o
give a sound image with sach source giving an appropnate sound veciorn

Recause the ear uses different directional mechanisms above 700HzZ (ENERGY VECTOR
THEORY) and beiow 700 Hz (MAKITA THEORY) the vectorial sums have 1o be done differently

o the two ifferent areas. This s accomplished by [iltering the B format signals pnor 10 applymy
them to the ampiitude matix winch feeds the speakers.

Eor a three dimensional atray there ae seme rules to be followed. You need ai ieast three
pairs of speakers - preferably more - distributed reasanably evenly around the centre. The members
of each pai: should be at opposile ends of a line running through the centre and all speakers shouid
be the same distance {rom the centre.

Each speaker is then fed with the tollowing sort of signal:
WosaX +0Y ~¢l

where for a speaker at posiion XY Z, where X.Y.Z ARE GIVEN IN TERMS OF THE
R ADIUS. vou calculate a. band ¢ from the following matrix formulae. (M 15 the number of pairs}
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a Cox* Xy x z X
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- Fora peniphonic system the gams of the B format signais should vary with [requency as
follows: -
Low Frequencies High Frequency
W 0.004B +3014dB
XY &7 + L.76 dB 0.00 dB

The filters do not nesd t¢ be sham but the phase charactenstics of the two fliter
characteristics should be matched.

PLEASE NOTE TeehACEqe
Pecpie planning te produce devices based on .—\mb:sonicLshould nete that commercial

exploitation is covered by a comprehensive set of patents which are heid by NIMBUS RECORDS.
ALL enguiries should ge directed 1o
Stearnt Garman

Nimbus Records Linntes

Whastone Levs
Monmoutl NP5 ISR Phene 0600 890 532
B Format connector standards
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