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Abstract. This paper presents two novel hybrid spatial audio systems
demonstrated for use in two-dimensional applications with their scala-
bility to three-dimensions. The emphasis of these hybrid systems is to
give further creative freedom to a composer, sound engineer or sound
designer. The systems are principally based on the end result of Am-
bisonics spatial audio reproduction systems. Since Ambisonics systems
are used primarily for temporary sound installations and exhibits, the
use of B-Format can be unnecessary. Therefore these systems revert to
producing channel based content rather than sound field content that
is later separately decoded. The presented systems use the decoder as
a real-time sound manipulation feature on a per sound source basis. A
comparison is drawn between the two systems and each method is de-
scribed as to how it can be used as part of a standard music production
workflow.
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1 Ambsionics Background

The work in this paper is based on Higher Order Ambisonics systems. Michael
Gerzon led the original Ambsionics development team in the 1970s and wrote
papers on the subject throughout his career [11H13]. Further work has been done
to expand Ambisonics into Higher Order Ambisonics |35, [15] and to develop
decoders, speaker layouts and evaluation of systems |1, |9, 10, [14, [17, [18, [31]].
The basis of Ambisonics is to represent a three-dimensional auditory scene as a
sound field representation that can later be reconstructed for any user speaker
layout. An Ambisonics representation is based on a fixed order that is linked
to the localisation attributes of sound sources. Ambisonics theory is based on
spherical harmonics calculated from legendre polynomials.
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Where Y,,,,, is the spherical harmonic, n is the degree, m is the order and Pon
the associated Legendre polynomial.

The above equations use the N2D normalisation scheme. Several schemes exist
for Ambisonics and affect the maximum gain of each spherical harmonic. When
these are applied to a monaural sound source a sound field representation is
created and is known as B-Format. The 2D representation is based only on the
angular value 6 as ¢ = 0°. The spherical harmonic expansion of the sound field
is truncated to a finite representation known as the Ambisonic order M and
each prior order m is included, 0 < m < M. For each included order m the
degrees calculated are n = Fm. The total amount of harmonics in the sound
field representation is 2M + 1.

Once encoded, Ambisonics material can be played back over various speaker
layouts using a suitable decoder. The minimum number of speakers to correctly
reproduce 2D Ambisonics is 2M + 2 [22]. For a regular layout, i.e. one that has
the speakers equally spaced, the angular separation is simply 360°/L where L
is the number of speakers for 2D reproduction. For a regular layout the decoder
matrix can be calculated by using the Moore-Penrose pseudo-inverse matrix of
the spherical harmonics at each speaker position.

Yi0,0)(spk1) Y —1)(spkl) Y1 1y(spkl) ... Y(arm)(spkl) f
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Gerzon specified criteria for low and high frequencies reproduction known as
rV and rE vectors [11, [12, [14]. The given pseudo-inverse decoder results in the
standard, rV, decoder matrix. To create a decoder that maximises the rE vector
the decoder is then multiplied with gains g, r based on each component’s order
and the system order.

grE = Pp(largest root of Pyyq) . (4)

Furthermore the decoding can be changed to what is known as In-Phase de-
coding, using the g7, prase coeflicients, so that there are no negative gains used
to create the sound’s directionality.

M!
_ = . 5
9gIn—Phase (M+m)'(Mfm)' ( )
Ambisonics can be seen as creating a polar pattern of M*" order in the direc-
tion of the sound source where the polar pattern is sampled by discrete speaker
positions. By increasing the amount of speakers the resolution of the polar pat-
tern is increased. In turn, by increasing the order, the directionality is increased
and by using different decoders as described above, the rear-lobe is altered.
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2 Variable-Order, Variable-Decoder Ambisonics

This section presents the novel idea of Variable-Order, Variable-Decoder Am-
bisonics. The concept allows for varying the reproduced polar pattern, and
therefore the sharpness of localisation, by setting the order used to a non-
integer value. Further to this, the idea of a variable-decoder is discussed that
can alter the amount of rear lobe of the sampled polar pattern. The two vari-
ables are linked but not interchangeable. The order alters the width of the main
lobe, whilst altering the amount and gain of, the rear lobes. The decoder alters
the gain of rear lobes whilst consequently altering the width and gain of the
main lobe.

2.1 Variable-Order

The result of encoding a monaural sound source to Ambisonics B-Format and
then decoding it for a speaker layout is equivalent to applying a gain to the
monaural sound and sending it to each speaker. Therefore in this described
approach, the audio signal is not converted to B-Format. Instead, the gains are
calculated numerically and applied based on the octagonal layout.

The variable-order is created by calculating the decoders of the identical type,
for each order. Since we are dealing with an octagonal layout the orders used
are 0 through 3. The spherical harmonic values are calculated for all included
orders for the sound source location # and speaker gains obtained. By using
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(a) Orders 1, 2 and 3 (b) Orders 0.5, 1.5 and 2.5

Fig. 1. The reproduced polar pattern of a sound source at § = 0° for Ambisonics
orders 1 through 3 are shown in (a). The half orders of 0.5, 1.5 and 2.5 are
shown in (b).
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interpolation the variable-order can be created by a mixture of 0" and 1%,
1%t and 2" and 2"¢ and 3"¢ speaker gains. Figure [1 (a) shows the sampled
polar pattern for the whole orders. Figure [1 (b) shows the half orders using the
variable-order approach. As can be expected, the polar pattern of half orders
are directly between the whole orders. The variable-order approach can be used
to create the polar pattern of any decimal value order representation. For an
Ambisonics representation the gain of all speakers must equal one. This fact is
important so that a sound source does not experience an overall gain boost when
the variable-order is used as a creative feature.

2.2 Variable-Decoder

Three types of Ambisonics decoders have been presented in section [ where
each is used for a specific purpose. However, these decoders offer an aspect of
creativity in being able to manipulate the rear lobe of the polar pattern, thus
altering the shape of the sound source’s polar pattern.

The variable-decoder can be calculated in the same manner as for the variable-
order concept. By using a weighted ratio that equals 1 of two types of decoder, a
variable pattern can be created. The weightings are calculated between rV and
rE decoders and the rE and In-Phase decoders. This is because the rE polar
pattern lies between the basic and In-Phase patterns.

Figure [ shows the three decoders for order 1.5 on the left and the decoders
half way between the rV and rE decoders and the rE and In-Phase decoders.
The variable-decoder lies at the given ratio between the standard decoders.

v
- - -rE ‘

Between rV and rE
— — — Between rE and In-Phase

—— In-Phase

(a) rV, rE and In-Phase decoders (b) Variable-decoders

Fig. 2. The three standard decoder types for order 1.5 are shown in (a) and the
intermediate decoders in (b)
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2.3 Observations

The proposed methodology creates a set of variable-order, variable-decoder
speaker signals for an octagonal arrangement of speakers. The end result is sam-
pling the sound scene at regular intervals of a third order polar pattern [6]. The
resultant gain GGy, for the speaker at position 61 can be calculated by eq. (Ia)

The sum of the gain of the orders must equal one; that is Zgil Gp =1
Gr = ag+ajcos(0 +0r) + azcos(2(0 +0r)) + azcos(3(0 +0r)) . (6)

Therefore the variable-order is equivalent to increasing the next order gain
whilst the ratio of the prior orders’ gains remain the same. The variable-decoder,
is like altering the ratio between the ag and a; gain coefficients thus changing
the base polar pattern, as well as altering the ratio between higher orders.

2.4 Test Case

FigureE shows the plots for both second and third order using a variable-decoder
of 0.8 r'V and 0.2 rE for a sound source at § = 93°. The lower plot (¢) shows
2.2 variable-order. The resultant variable-order has a maximum point between
the two whole orders and the other lobes are smoothed out. The secondary lobes
become more like an In-Phase decoder. The sum of the speakers for the variable-
order, variable-decoder remains 1. Hence no normalisation of the speaker signals
is needed. Due to the changing of the secondary lobe gains, the decoder type
attributes associated to integer orders are lost.

2.5 Calculating in the Decoder

The methodology presented here to calculate the Variable-Order, Variable-
Decoder Ambisonics has been to use a lookup table approach. First, all of the
values between the two decoders for the lower and higher integer order are inter-
polated. Then the resultant variable-decoders for both orders are interpolated to
produce the final signals. This has involved no creation of B-Format due to the
speaker feeds directly being produced by multiplying the sound source by the re-
sultant speaker gains. The same effect can be obtained by means of manipulating
the decoder. To calculate a variable-order decoder directly, the n = F¥m compo-
nents for individual order m = [M] of the variable order need to be multiplied
by a factor, v as shown in eq. (@), that is chosen by the user.

f 1... v v

Yi0,0)(spk1) ... Y(rary,—1ar) (sPEL) Y(1ar7,1ar7) (5PK1)
Y'(O’O)(spkN) e Y((M"L_[M])(Spkl) Y([M]JM])(SpkN) 1 ... UV UV
(7)

The decoder type gains can then be multiplied to eq. (ﬁ) by use of a further
matrix. This uses the variable x as the interpolation factor between the normal
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Fig. 3. The speaker gains of § = 93° for second (a) and third (b) order and the

gains for 2.2 order (c) using a variable-decoder as presented in section 2.4 with
rV of 0.8 and rE of 0.2.

and g,g or g-g and gr._ prase Zains as presented in section El The matrix to
change the decoder type is given as:

1-— K(O’O)(Spkjl) R f{([M]’,(M])(Spk‘l) 1-— K((M]’[M])(Spk‘l)
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The use of egs. (ﬁﬁ and (E) are compared to the initial interpolation, or lookup

table method in fig.

. The original methodology as described in the beginning of

this paper is shown in (a) and the direct manipulation of the decoder approach
in (b). It can be seen that they do in fact result in the same outcome.
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(b) In Decoder Calculation

Fig. 4. This figure shows the identically produced speakers’ gains for a sound
source placed at # = 0° using both the lookup table approach and calculating
the variable-order and variable-decoder within the decoder.
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2.6 rV, rE, Power and Energy of Variable-Ambisonics

widt To further examine this system’s behaviour as a result of the variable-order
and variabe-decoder, the r'V and rE vectors proposed by Gerzon [3,[11,12,114,131]
will be evaluated, as well as the power and energy values upon which those
metrics are based. The results are displayed in fig. I3. Between zeroth and first
order the rV linearly goes between zero and one. This is a somewhat obvious
result as zeroth order has no directionality and first order is the minimum for a
directional response. The power for which is the denominator for calculating rV,
resulting in a constant value of one for each value of #. This is to be expected
since the speakers are regularly spaced and meet the minimum N criterion of
N > 2M + 1. Although an expected result, it does determine that variable-order
is valid for rV cues and that the power is constant irrespective of variable-
order. The rE result however is an interesting one. We can see that the rE is
maximised at approximately m + 0.6 orders, not at the whole integer orders.
This can be attributed to the polar pattern produced becoming more like an rE
decoder polar pattern than an rV decoder. The response of rE is not linear to the
m— 0.6 points but curved either side. Conversely the energy is not maximised at
m+ 0.6 orders. The energy between integer orders shows an exponential growth.
These results indicate that the variable-order effect should be examined for the
variable-decoders.
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Fig. 5. The rV and rE vector, power and energy values for zeroth through to third
order for Variable-Order, Variable-Decoder Ambisonics. The decoder used is the
regular rV decoder from the pseudo-inverse function. The values are independent
of 0 since in a regular speaker array the rV, rE, power and energy are constant
for N > 2M + 1.
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Figure 16 shows the rV vector (a), rE vector (b) and energy (c) values for
variable-orders of variable-decoder. The power is not shown in this figure as for all
cases it has a value of one. Thus for power the Variable-Order, Variable-Decoder
Ambisonics satisfies the constant power condition. The rV plot shows that the
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Fig.6. rV, rE vector (figures a and b) and Energy attributes (figure c) of
Variable-Order, Variable-Decoder Ambisonics. Under various conditions the in-
termediate order values are not linear between the normal integer orders.
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Fig. 6. (Continued)

rV vector is reduced as the variable-decoder increases from zero. For all variable-
decoder values the rV linearly increases between integer order values. For the
same variable-order the r'V value is linear between rV and rE decoders, and then
the rE and In-Phase decoders. The rE values show that the curved nature of the
rV decoder for variable-order is smoothed out as the variable-decoder increases
above one. The rE decoder shows a slight curve between the integer orders in
rE value, but for the In-Phase decoder the increase is linear between integer
orders. The results show that for the m 4 0.6 order the rV decoder now performs
similarly to the In-Phase decoder for rE value. Finally, the energy plot shows the
reduction of the curvature of energy value as the variable-decoder is increased
from zero order. It shows that the energy is always greatest for variable-decoder
of zero, rV decoder, and falls in value as the variable-decoder is increased. The
maximum energy values for a variable-order are for the rV decoder. It can be
determined that the greater energy value does not result in the best rE vector
value.

To conclude, using variable-order can result in a heightened rE vector value for
Variable-Order, Variable-Decoder Ambisonics and is better than the next highest
integer order. This is where the rE value is maximised around the m + 0.6 point.

2.7 Composition/Production Tool Implementation

The tool to use the variable-order and variable-decoder methodology has been
implemented in the Max/MSP 5 software environment for Mac OSX. The tool is
designed to receive audio signals from digital audio workstations (DAW), e.g. via
Jack or Soundflower, for a total of 16 monaural and 4 stereo signals. The controls
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Fig. 7. The user interface for the Variable-Order, Variable-Decoder Ambisonics
spatialisation tool

for each channel are sent via midi commands which are stored in a digital audio
workstation project. User Control Panels were built for this function for the
Cubase/Nuendo environment, but VSTs, AUs or other midi capable software
can be used to control the settings for each sound source. The premise for this
is that no extra saved data is needed that cannot be stored in a common DAW
project.

Figureﬁ shows the user interface for the tool. The user definable parameters on
the interface are On/Off, midi driver, audio driver and where to save a recorded
file. The interface has eight LED style meters for monitoring the signal level
going to each speaker so that distortion can be avoided. Since users may not
always have an eight speaker layout available, a binaural (over headphones) mix
is simultaneously available.

2.8 Distance

Distance is a user definable parameter and is accomplished by gain attenuation
only. No delay has been included since for music purposes pitch shifting of sound
sources will affect the overall tonal effect and harmonicity of the work, alter the
speed and therefore ensemble timing of the music and finally can include zip-
per noise. The 1/r inverse law is used to implement the gain change at sources
greater than 1.0 where the maximum value is 10. Since the roll off of 1/r sim-
ulates anechoic conditions, the feature is given as a creative and not real-world
application. For sources that are placed inside the speaker layout the distance
calculation changes to 1 + cos(90°r) so that infinite gain is not reached. The
maximum gain at the central position is 2.0, or approximately +6dB.

2.9 Inside Panning

Sound sources that have a distance of less than 1.0 are placed inside the speaker
array. This is done by altering the reproduced polar pattern. If the order of re-
production is 1 then this is the same as cancelling out the 1st order spherical
harmonics and doubling the zeroth order spherical harmonics. This methodology
was first presented in HE] For the case of third order two-dimensional Ambison-
ics, the maximum allowed in this tool, the inside-panning function is expanded.
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Fig. 8. The change in polar pattern exerted by a third order sound source as it
is moved from a distance of 1.0 to 0.0 to be placed in the middle of the speaker
array

The result is that even orders are doubled and odd orders are cancelled out.
This again is all done as numerical and not audio calculations. Figure |§ shows
the polar pattern change going from 1.0 to 0.0. The result is strong lobes from
opposite poles giving the psychoacoustic illusion of the sound source being at
the centre of the array.

2.10 Reverberation

Reverberation is produced in the tool by transforming the sound source into
B-Format and processing it through either the Wigware VST (Virtual Studio
Technology) reverberation plugin |31] based on the freeverb algorithm or by using
a convolution plugin using B-Format impulse responses, such as those available
[20, [30].
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2.11 Original Composition

The authors commissioned a composer to create a multimedia piece that used
the creative aspects of the Variable-Order, Variable-Decoder tool and technology.
The piece was originally written for speakers and video projection. The work has
subsequently been shown at various events and is available as a binaural version
online. The following describes the work in the composer’s words:

The composition was written with the intention of being realised through
the wuse of the Variable-Order, Variable-Decoder Ambisonics two-
dimensional tool for an octagonal speaker arrangement (ed. as described
in section @) This allowed for a greater creativity in conveying layers
within the musical scene at varying distances, widths and positions across
a horizontal plane. The tool helped create a greater sense of foreground
and background. Placing the ‘mechanical’ elements in the distance and
wide when in city surroundings for example, but brought to the centre
and narrowed when portraying a specific man-made character/element
such as the record player, horse, dog and heart. The cello and violin parts
were generally placed in the stereo field in accordance with their on-screen
presence but the distance feature was employed to convey the strength of
the character’s emotions, getting closer at climax points to create in-
tensity for the listener. The tool was used most creatively in trying to
achieve a sense of movement through swirling musical layers around the
full range of the eight speakers for example in the rapid bustling city and
spiral staircase scene, equally in the slow panning of the opening and pier
scenes.

When working with the composer on the mixing stage of the work, the effect
of the source width could be clearly heard, as well as the distance change. The
aspect of width helped enhance the use of the space surrounding the listener and
the use of distance emphasised the busy nature of the world being portrayed by
objects coming and going. The use of rotating the sound field was successfully
used to indicate character movement and disorientation. The use of the variable-
decoder was sparse, partly due to overlapping of the variable-order control where
both alter the sound source width, but where the variable-order is far more
intuitive to the user, in this case, the composer.

3 Variable-Polar Pattern Reproduction

Since the final output of an Ambisonics reproduction to the speakers is the same
as sampling a polar pattern [3] exhibited by the audio source material, a new
method is created whereby the intermediary B-Format and decoding is omitted.

Eargle [6, [21] gives two formulations for calculating higher order polar pat-
terns. The first is given for calculating cardioid patterns in the form of G =
(0.5 4 0.5 cos(0))cos™ =1 (9) for the M*" order, which is expanded for any base
polar pattern in eq. (9) below. We define a base polar pattern as that created as
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a mixture of zeroth, A, and first, B, order components to calculate a gain G at
horizontal angular position §. Where A + B = 1 is constant.

G = (A+ Bcos(0)) cos™=Y (9) . (9)

The second equation for a higher order pattern is given as the product of two
or more first order microphone patterns:

G = (A1 + Bycos(0)) (A + Bacos(0))...(Ay + Barcos(9)) . (10)

where A;...pr and Bj...ps are the zeroth and first order terms for each order. To
keep controls to a minimum we can limit the possible polar patterns so that
[A1, B1] = [Ag, Ba] = [Am, By By using this identity we can use a variable
order for M below:

_ J(A+ Beos (9))M M is odd
¢= {_(A+BCOS @)M) M iseven - (11)

Figure [d shows the differences for calculating omni-directional, cardioid and
figure-of-eight polar patterns using eq. (IQ) method and eq. (Iﬂ) method. It can
be seen for method A that for the omni-directional above first order the pattern
changes to a figure-of-eight pattern of order M — 1. When looking at higher
order cardioid for method A, we see that rear lobes are formed on the cardioid
pattern. Finally the figure-of-eight pattern for method A behaves as expected
and so are not shown; as the order increases the angular distance between the
-3dB points decreases, giving a narrower polar pattern around the maxima and
minima points. In the results of eq. (Iﬁ]) method, the omni-directional pattern
remains omni-directional at all orders. The cardioid pattern for eq. (IJ__1|) method
does not develop rear lobes, but becomes a beam like pattern. Finally the figure-
of-eight pattern for eq. (1J__1|) method behaves like that of method A, as we expect;
a tighter figure-of-eight with greater side rejection. From these findings eq. (Iﬂ)
method will be used as it produces the most useful higher order polar patterns.

The gain applied to the L speaker is given as:

G- {(A—i—Bcos (0 —0,)M M is odd
L=

—(|A+ Becos (0 —0r)|M) M iseven - (12)

To maintain a constant level whilst varying the order and/or polar pattern,
like in the variable-Ambisonics method, a factor C' is needed to scale the speaker
gains:

1
= N .
6,
L=1

where the maximum order is based on N number of speakers being used, M =
(N — 2)/2. Note that this will give a variable order and using the || function
will give the highest integer order available.

c (13)
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Fig. 9. Comparison of pattern methods A from eq. (@) and B from eq. (ﬂ) for
omni-directional (a and b) and cardioid (c and d) as discussed in section g

The produced gains for § — 6 are shown in fig. [1d. The sub-cardioid repro-
duction increases directivity with variable-order whilst the rear and side of the
pattern is reduced in gain. The cardioid pattern has a constant zero point at
the anti-pole, where the directivity and gain of the single positive lobe increases
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Fig. 10. Variable orders 1.0 to 3.0 for sub-cardioid (a), cardioid (b) and hyper-
cardioid (c) polar patterns

with order. The hyper-cardioid pattern has a single negative lobe at the anti-
pole of the main positive lobe. With an increase in order the directivity and gain
of the main lobe increases whilst the negative lobe decreases in gain. Since this
method uses a base polar pattern, of which the order can be changed variably,
a user of a system can see the change in polar pattern easily. The figure-of-eight
polar pattern poses a problem. Due to the equal gain of opposite polarities at
anti-poles, the gains tend to infinity because of the cancellation when calculating



74 M.J. Morrell and J.D. Reiss

C in eq. (IE) This also creates a problem since a speaker signal would have a
maximum above unity gain. For this reason the base polar pattern should be
limited so that 0 < A < 0.75 in eq. (IE)

The calculation of speaker gains in this way is similar to 3DVMS |2, [7, [16,
29|, three dimensional virtual microphone synthesis, where higher order cardioid
patterns are used. This has been compared to Ambisonics by Manola et. al.
[16], although in their findings there were errors of localisation circa 180° which
questions the methods used and the validity of the results.

3.1 Real-Time Application

A demonstration application was built using Max/MSP that is controlled and
fed audio by a digital audio workstation. Audio is sent from each track using
outputs via Jack OS X audio router as monaural sound sources. Control data is
sent from a VST audio plugin on each audio track using the OSC (Open Sound
Control) protocol [32] using a similar, but reverse, idea to that described in [§].
The audio plug-in does not process the audio in any way as its only use is to
communicate OSC commands in this system environment.

The VST presents controls to the user; Azimuth, Pattern, Order and Speakers.
The Azimuth control is ranged [-180 180]° anti-clockwise. The Pattern control
varies the base polar pattern. The Order control alters the variable order of the
sound source. This control’s range is altered by the Speakers control as described
in section[d. Therefore it can be set as a relative maximum order, especially if the
audio mixture is going to be played back over different speaker configurations.
The Speaker control has the range [4 12] in whole integers to represent the
amount of speakers in the reproduction array. Finally the VST has 20 programs.
These programs are presets to change the audio track that the VST is altering
in the application. When changing program the other controls remain the same.

The Max/MSP application presents the user with minimal controls since they
are for the most part received from the VSTs within the DAW project. The user
can turn audio processing on/off, select the sound source’s graph to be plotted,
view the number of speakers being used and see output meters for the 12 possible
speakers. Of most interest to a user are the graphs that are plotted. This is a
plot of the polar pattern being used by the chosen sound source. The positive
lobe is shown in red and the negative in blue within the applications display
window. This is plotted on top of up to twelve black circles representing the
speaker positions. This gives the user visual feedback of how the controls of the
VST are affecting the sound source reproduction. The graph to make things
clear is normalised, meaning eq. (IE) is ignored for plotting purposes to avoid
confusion to the user.

3.2 Vector Driven Variable-Polar Pattern Reproduction

Vector Base Amplitude Panning [23-28] in two dimensions gives the same result
as the cosine/sine power panning law resulting between the two speakers neigh-
bouring the sound source. This fact can be exploited to calculate the highest
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order reproducible by the neighbouring speakers. If the sound source is assumed
to be directly inbetween the speakers and that the polar pattern reproduced is
that of a cardioid, where the most highly directional sound source is desired, then
the highest order can be calculated. The differing cardioid patterns are shown
for different speaker separation in fig. 11 Equation (@) shows the calculated
highest order, My, under these assumptions.

log <\}2)

" 1og (0.5 + 0.5 cos (ar1))

Where 0y, is the angle between the mid-point of the neighbouring speakers
and one of the speakers, or put another way; the angular separation between the
neighbouring speakers divided by two.

My (14)

240 :
270
(a) Speaker separation 6n;r of(b) Speaker separation Oasr of 45°.
65.53°.

(c) Speaker separation @arr, of 30°.(d) Speaker separation 0asr of 15°.

Fig. 11. The cardioid patterns calculated for four different speaker separations;
65.53°, 45°, 30° and 15°. The respective My values are 1.00, 2.19, 5.00 and 20.17.
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This could be expanded for any polar pattern by taking the logarithm of
eq. (Iﬂ) in the denominator of eq. (ﬂ) Caution has to be taken when using
polar patterns with negative lobes. It is not guaranteed, due to the speaker
placement, that the negative gains will be reproduced at all. This could result in
the exhibited polar pattern varying with the source position as My is changing.

It is, however, not guaranteed that the sound source will be in the middle of
the two neighbouring speakers. When at a speaker’s location the sound source is
only reproduced by that speaker alone and therefore the calculated order would
be infinite as there is no directional truncation. To overcome this problem the two
neighbouring midpoints between the closest three speaker are found. The highest
order of both midpoints is found using eq. (@) and then interpolated based
on the angular distance between the sound source and the speaker midpoints.
Finally the interpolated My is used in eq. (IE) to find the initial speaker gains
and the power kept constant by eq. (IE) This procedure is shown in the flow
diagram in fig. [12.

3.3 Expanding to Three-Dimensions

Expansion from the two-dimensional formulae used so far to three-dimensions is

trivial. Expanding this theory to the three-dimensional case requires replacing

the cos (A) terms to cos (6) sin (¢) in eqs. (1), () and (1). The resulting three-
dimensional polar pattern is thus given as:

G, = {(A+Bcos(9—0L)sin(¢¢L))M M is odd (15)

—(|JA4+ Bcos(0 —0r)sin (¢ — ¢r)|M) M iseven

where ¢ is the elevation angle of the sound source and ¢;, the elevation angle of
the speaker gain being calculated. The speaker gains will need normalising after
calculation using eq. ).

4 Comparison

In this section we present a comparison between the Variable-Order, Variable-
Decoder Ambisonics system and the Variable-Polar Pattern Reproduction
system.

It can be seen in the difference between the speaker gains shown in figs. E],
[ and [1d that the former system gives a higher degree of directionality due to
higher gain at the main lobe position. However, it does also introduce more rear
lobes of both negative and positive gain, whereas the latter system retains the
amount of rear lobes throughout the change of variable-order. The controls of
altering a base polar pattern and variable-order are intuitive to an end user and
have a clear distinction when looking at the plots of altering one or another
of the parameters. With the first system this is not the case and the two vari-
able controls both alter the same attributes of the polar pattern, although in
different ways.
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Vector Calculation |

7

Calculate VBAP
speaker gains

Find the two closest
speaker midpoints

Order Calculation .
|
|
|

Variable-Polar Calculation |

i

Calculate Oarp,(1)

Calculate 0y11,(2)

Find M'uecto'r(l)
eq. (@)

Find M’Uector(2)
eq. (@)

Interpolate be-
tween Mvector(l)
and Mvector(2)

. Calculation of I
! Variable-Polar
| Pattern speaker gains

eq. (1) |

[ Speaker feeds ]

| |

Fig. 12. Block diagram of the calculation of the Vector Driven Variable-Polar
Pattern Reproduction. The Variable-Polar Pattern block could be exchanged for
Variable-Order, Variable-Decoder Ambisonics or other spatialisation method.

A comparison between the two methods can be drawn using the rV and rE
vectors. Figure [13 shows this comparison using 2.5 order. The left column shows
the results for the Variable-Order, Variable-Decoder Ambisonics system and the
right column the results for the Variable-Polar Pattern Reproduction system.
The In-Phase decoder and cardioid pattern both produce identical polar patterns
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(a) Variable-Ambisonics rV  (b) Hyper-Cardioid Repro-
Decoder duction

(c) Variable-Ambisonics rE  (d) Cardioid Reproduction
Decoder

(e) Variable-Ambisonics In- (f) Sub-Cardioid Reproduc-
Phase Decoder tion

Fig. 13. Comparison of variable-ambisonics and variable source pattern using rV
and rE vectors to represent low and high frequency directional cues presented
in section [ for order 2.5
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and so have the same rV and rE values. High frequencies are localised better than
lower frequencies. The rV decoder and hyper-cardioid are similar in that they
both have rear negative lobe(s). The hyper-cardioid has an rV above 1.1 which is
unseen in Ambisonics unless the decoding is done for an order that the speakers
cannot be replayed on and in that case is an error. The rV decoder however has
better high frequency localisation than the hyper cardioid. The sub-cardioid, as
one might expect, has poor localisation for both high and low frequencies.

5 Conclusion

Two novel spatial audio systems have been presented and used in real appli-
cations that give end users, such as composers, musicians, sound engineers or
sound designers, further creative freedom of spatial audio reproduction other
than angular position and distance attenuation. The systems have been based
on the theoretical underpinnings of Higher Order Ambisonics, however, by elim-
inating the use of B-Format as a sound scene representation results in a channel
based approach like that of stereo, 5.1 and 7.1. It could be argued that by re-
moving the sound field representation format that it has lost one of the best
traits of Ambisonics, although in many situations such spatial audio systems are
designed for a particular exhibition or speaker reproduction environment where
the B-Format signal is not published or shared.

The first system presented here has been used to produce an animation sound
track exploring the creative use of the system. From this experience and the
composer’s feedback the second system was developed. Overall the second system
offers intuitive user controls and a wider degree of freedom.

Examples of both these systems are available as binaural sound tracks for
playback over headphones and can be seen at:
www.elec.qmul.ac.uk/digitalmusic/audioengineering /spatialaudio/index.html.
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