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This paper discusses the psychoacoustical background and the computational issues involved in the real-time
implementation of a complete Ambiophonics reproduction system based on binaural technology. Ambiophonics,
which requires only two media channels, evolved from previously known approaches such as the reproduction of
binaural recordings over closely spaced loudspeakers through cross-talk cancellation, and the reconstruction of hall
ambience by convolution from suitable impulse responses. The equations for the design of the digital filter
coefficients are derived with regard to the many possible kinds of pre-existing recordings (binaural, sphere, ORTF,
M/S), and their implementation on available hardware and software platforms are described. The authors suggest
psychoacoustic explanations for the perceived audible performance, and describe the first results of a comparative
listening test, evaluating the realism of three periphonic surround reproduction systems. Stereo Dipole, Ambisonics

and Ambiophonics.

1. INTRODUCTION

In recent years many different surround reproduction
systems have been developed. Many of them, such as
5.1, are spatially limited and are not considered to be
psychoacousticaly valid methods for achieving a
realistic reproduction of recorded music. Other
paradigms that are capable, in principle, of complete
periphony (reproduction of apparent acoustic sources
everywhere in the space, over a complete sphere
around the listener) have been proposed, but none of
them has gained acceptance or become commercially
available on the market, in part, because they were
not compatible with the vast existing library of two
channel LPsand CDs.

In this paper only potentially complete periphonic
systems are considered, with the goal of providing
the mathematical description and the implementation
details of one of these methods, termed
Ambiophonics; it will be shown that this method,
used only in reproduction or used in both recording
and reproduction, makes use of physical principles
and digital filtering techniques, which are also found
separately in other periphonic surround methods, but
are here coupled together in a consistent and
psychoacoustically correct form.

Most periphonic methods fall in one of two broad
categories, summarized here:

A) Binaural methods: the sound field is originally
recorded with some sort of dummy head microphone,

and reproduced by delivering the recorded signals
unaltered to the entrances of the ear canals of the
listener.

B) Wavefield reconstruction methods: the system
replicates the wavefronts, impinging on an array of
microphones in the original space, through the use of
coarse or dense arrays of loudspeakers during
reproduction in a different space.

The binaural methods have the advantage of
requiring the recording and transmission of just two
channels, and are thus compatible with traditional
two-channel stereophony, a form of
monodimensional  reproduction  (virtual  sound
sources located on a line). Possible methods of
replicating the recorded acoustic pressure signals at
the ears of the listener include headphone
reproduction (with or without head tracking) and
loudspeaker reproduction. In the latter case, cross-
talk cancellation is usually required, for canceling the
spurious signals that go to the “wrong” ear.

The common binaural methods are very sensitive to
both the shape and directional characteristics of the
origina microphone employed for the recording and
of the particular human head of the listener [1]. If
these two characteristics do not match well, the
spatial illusion is poor and the reproduced sound field
is judged unnatural. Furthermore, localization errors
are common, particularly for sound sources near the
median plane (front-back confusion, height
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uncertainty). High-end audiophile-level results can
only be obtained when the recording mount is the
actual human head of the listener, equipped with
wearable binaural microphones. Thus a pure binaural
technique is limited to the amateur recording of live
music, and is obvioudy not applicable to the
reproduction of the large catalogue of already
existing recordings often made using a so-called
stereo  microphone which is usualy inherently
unsuitable for binaural reproduction especially via
earphones.

The wavefield reconstruction methods usually require
many more than two channels for transmitting the
spatial information: the most basic method, 1st-order
Ambisonics [2], requires four channels, carrying the
pressure signal and the three particle velocity
Cartesian components, all recorded at a single point
in space. Although an Ambisonics system can
employ a much larger number of loudspeakers for
reproduction, the  wavefront  reconstruction
capabilities are somewhat limited, and the
localization of sound sourcesis not robust since a 1st-
order system only samples the spherical space with
1st-order spherical harmonics[3].

Much more accurate wavefront reconstruction
methods have been proposed: 2nd order Ambisonics
requires the recording and transmission of 9
channels, and is thus already impractical. The Wave
Field Synthesis method [4] goes up to some hundreds
of channels, which prevent its application for
recorded music distribution, being applicable
primarily in the real-time recreation of performing
spaces. These methods are substantially incompatible
with mainstream sound recording and delivery, which
nowadays is amost completely done in two-channel
stereo.

The 5.1 discrete surround sound system, primarily
intended for movies, is not periphonic (no height
information). The addition of a center speaker does
not materially alter its nature as a monodimensional
system that relies on phantom imaging. The 5.1
reproduction arrangement also does little to enhance
the realistic reproduction of existing two-channel
material on LP or CD.

2. THE AMBIOPHONICS METHOD

The goal of the Ambiophonics reproduction method
is to create a realistic listening experience starting
from existing 2-channel or even 5.1 recordings.
Fortunately, the recordings themselves are not
usualy predistorted by the stereo reproduction
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process. That is, the recordings do not contain
crosstalk and do not know that they will be listened
to via a stereo speaker triangle that engenders
crosstalk, requires phantom imaging rather than
binaural localization, generates comb filtering and
introduces pinna/HRTF angle errors.  Normal
recordings typically include very limited “3D
surround” information. Of course, the missing
information must be recreated in some way: this is
done by means of convolution with suitable room
impul se responses.

The method can be basically explained as the
superposition of two simultaneous periphonic
reproduction  systems: crosstak  cancelled
reproduction over a par of closey-spaced
loudspeakers (as is usudly done for binaura
loudspeaker  reproduction), and approximate
wavefront reconstruction with an Ambisonics array,
being fed with reconstructed hall ambience signals
derived from the left and right direct sound disc
channels convolved with a set of weakly-correlated
real hall impulse responses.

Fig.s 1 and 2 show the basic scheme of the two parts
of the system.

Original 2-channels recording of the signals coming from N sources

CD recording

(c)

A

' Cross-talk
.4 canceller

Reproduction over the Stereo-Dipole loudspeaker pair

Fig. 1 — Stereo-dipole reproduction through cross-talk
canceling digital filters

The crosstalk cancellation operation is performed
through the convolution of the two input signals with
a set of 4 inverse filters, computed taking into
account the kind of microphone employed for the
recording. These inverse filters “cancel out” a great
part of the microphone-dependent spatial effects (for
example, the particular pinna coloration of a dummy
head, in the case of binaural recordings), and thus

2
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leave each listener capable of hearing “with his own
ears’. Of course, this deconvolution is easiest if the
microphone did not introduce very sharp filtering
curves. in fact the Ambiophonics reproduction is
usualy better starting from recordings made with a
“pinna-less’ dummy head (sphere microphone, or
ORTF microphone). In principle, any kind of stereo
microphone can be used, even a “virtual” one, as
happens when the stereo mix is obtained by level
panning many monophonic recordings of various
instruments or vocalists. Thus there is amost no
two-channel recording that does not benefit from
being reproduced Ambiophonically.

In the following section, the mathematical detailsfor
the derivation of the cross-talk canceling inverse
filterswill be described.

Measurement of two independent sets of 3D impulse responses

MLSsignal

@ v v

Multichannel Multichannel
zt convolver convolver

A

Reproduction over the Ambisonics loudspeaker array

Fig. 2 — Virtual Ambisonics reproduction by
convolution with two sets of 3D impulse responses.

The surround loudspeaker array is responsible only
for the reproduction of off- stage early reflections and
reverberation tails. This means that the direct sound
must be deleted from the impulse responses
employed for convolution. In principle, these impulse
responses can be obtained from Ambisonics decoding
of a single B-format impulse response, synthesizing
many virtual coincident (hyper)-cardioid
microphones, each of them pointing towards a
loudspeaker. But in practice it is preferable to
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consider these impulse response as an undersampled
set of Wave Field Synthesis impulse responses,
obtained by non coincident microphones, placed at
relative positions from the main stereo microphone
corresponding to the relative position of the
reproduction loudspeaker from the listener.
Following the WFS theory, the directivity pattern of
each of these displaced microphones should depend
on the directivity pattern of the loudspeaker being fed
by its signal, but in practice this factor has been
found to be very subtle, and can be neglected in most
cases (provided that the loudspeakers employed for
reproduction do not exhibit very strange directivity
patterns or are in the presence of close reflecting
surfaces).

In section 4 it will be shown what numerical
processing is required to adapt the three-dimensional
IRs, measured in a concert hall, to make them
suitable for use as filters in Ambiophonics
processing.

Section 5 presents available implementations of
Ambiophonics, based on currently available
hardware platforms, and on forthcoming software-
only solutions, based on advanced convolution
algorithms which have been recently implemented
for real-time operation on low cost PCs.

Finally, subjective comparative tests were performed,
in which it was possible to assess the preference for
one of three simultaneous recording/reproduction
methods: Binaural, Ambisonics and Ambiophonics.
The tests were performed in a special listening room,
equipped with a configurable reproduction system. At
the time the tests were conducted, it was not possible
to perform rea-time reproduction of random
recordings, but for comparative tests it was easy to
pre-compute al the required signals, and leave the
listener free to switch among the three systems.

The results of the subjective tests indicate that the
Ambiophonics system is significantly preferred over
the other two, followed by the binaural method
(Stereo Dipole) and by Ambisonics. It was also
confirmed that the “synthetic’ Ambiophonics
reproduction (in which the surround channels are
derived by convolution from the main two channels)
is aimost indistinguishable from the “true’ (directly
recorded) surround obtained by processing the B-
format recording. This is what makes it possible to
obtain such satisfying results from existing two-
channel recordings, although of course when 4 or
more channels are available, it could be preferable,
depending on the source material, to reproduce the
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frontal pair over the Stereo Dipole and employ the
rear pair for convolution with the surround impulse
responses.

3. CROSS-TALK CANCELLATION

The approach employed here is derived from the
formulation originaly developed by Kirkeby and
Nelson [5], with refinement from one of the authors
[6]. The following fig. 3 shows the cross-talk
phenomenon in the reproduction space:
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Fig. 3 — Cross-talk canceling scheme

The 4 crosstak canceling filters f, which are
convolved with the original binaural material, haveto
be designed so that the signals collected at the ears of
the listener are identical to the original signals.
Imposing that p=x and p;=X,, a 4x4 linear equation
system is obtained. Its solution yields:

-‘I- f” = (hrr)A InvDen

:i: f|r = (- h|r)A InvDen

i fri =(- hy)A InvDen (1)
e = (hy )A InvDen

i InvDen = InvFilter(hy A hy, - by, A hy)

The problem is the computation of the InvFilter

(denominator), as its argument is generally a mixed-
phase function. In the past, the authors attempted [7]
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to perform such an inverson employing the
approximate methods suggested by Neely& Allen [8]
and Mourjopoulos [9], but now the Kirkeby-Nelson
frequency-domain  regularization  method  is
preferentially employed, due to its speed and
robustness. A further improvement over the original
method consists in the adoption of a frequency-
dependent regularization parameter. In practice, the
denominator is directly computed in the frequency
domain, where the convolutions are simply
multiplications, with the following formula:

C(w) = FFT(hy ) <FFET (hy,) -

)

FFT (hy ) <FFT (hy)

Then, the complex inverse of it is taken, adding a
small, frequency-dependent regularization parameter:

I nvDen(W) = Conj [C (W )]

Conj[c(w)|xC(w) +ew)

In practice, e(w) is chosen with a constant, small
value in the useful frequency range of the
loudspeakers employed for reproduction (80 — 16k
Hz in this case), and a much larger value outside the
useful range. A smooth, logarithmic transition
between the two values is interpolated over a
transition band of 1/3 octave.

3)

Fig. 4 shows the user interface of the software
developed for computing the crosstalk canceling
filters:

Invert Kirkeby
Impulse Response Info
48000 Hz/Stereo/ 16384 Samples

" Stereo Impulse Response
* %2 Impulse Responses

™ Cross-Talk cancel only

Filter Length (samples)

IN-band Begularisation Parameter 1.e-003
OUT-hand Begularisation Parameter |1
Cancel

Lawer cut frequency (Hz) ’807

Higher cutfrequency (Hz) lw

Transition Width (oct) 033 Help
User |Ange|0 Farina

Reg. key |’"°"°“°"°“°""k

Fig. 4 — User interface of the inverse filter module

This software tool was implemented as a plugin for
CoolEdit [10], and it can directly process a stereo
impulse response (assuming a symmetrical setup, so
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that h,=h, and h,=h;), or a complete 2x2 impulse
response set, obtained first by processing the
binaural IR coming from the left loudspeaker,
followed in time by the binaural IR coming from the
right loudspeaker. In both cases, the output inverse
filters are in the same format as the input IRs.

The computation is so fast (lessthan 100 ms) that it is
easy to find the optimal values for the regularisation
parameters by atrial and error method.

3.1 Real-time implementation of cross-talk
canceling through Warped FIR filters

Thefilters described in the previous section are in the
form of standard FIR filters. As they have to
implement substantial boost and fine detail in the low
frequency region, they have to be quite long
(typically more than 4096 taps at 44.1 kHz). Thus it
is almost impossible to implement them on standard
DSP boards in the basic time-domain form.

Although frequency-domain implementation, as
described below, can easily resolve this problem of
running audiophile-quality cross-talk canceling filters
on currently available DSP boards another possible
approach is the use of Warped FIR structures. WFIR
features a variable resolution in the frequency
domain, and thereforeis an effective variationin FIR
filter design.

Let us consider the following bilinear transformation:

z +1

1+z A “)

2=A ()=

where the parameter |, referred to as warping
coefficient can vary between -1 and 1. This
transformation is the basis of the frequency warping
technique. It results in a remapping of the complex
plane, so that the z frequency plane is changed into a
new z complex plane.

This bilinear transformation is graphically
represented in fig. 5 asafunction of | .

The application of thistransformation to the spectrum
of an audio signal resultsin a stretching of the signal
spectrum so that it becomes approximately
logarithmic and thus more consistent with a
psychoacoustics frequency scale, like the Bark scale
[11].

The main advantage is that the transformed signal is
more consistent with human hearing capahilities.
Therefore the warped filters have higher accuracy at
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low frequencies, where the human ear has a higher
sensitivity, and lower accuracy at high frequencies.
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Figure 5 - Bilinear transformation of frequency with
different | values

In a classical FIR filter the frequency resolution is
constant over the entire frequency range. Since
human frequency resolution is about one third of an
octave the equalization is unnecessarily fine at high
frequencies and too coarse a low freguencies.
Therefore very long FIR filters are required to obtain
good results over the entire frequency range.

A warped filter based on the Bark scale provides a
more efficient equalization at low frequencies.
Specifically a warped FIR filter can be implemented
with a number of taps ten times lower than those of a
FIR filter, but still featuring the same low-frequency
equalization. Its real-time implementation, however,
reguires more computational power. The Warped FIR
structure is derived from the traditional FIR, where
unit delays are replaced by the all-pass operators
D4(2):

-1
Dl(z) = Z—I_l
1-1 xz

()

Unfortunately, this structure is not suitable for real-
time processing. Thus an equivalent explicit structure
was developed, shown in fig. 6, which allows for
efficient implementation [12].

Due to the introduction of the D4(z) all-pass block the
warping produces a distortion of the complex plane.
The analysis of the warped z-plane shows that the
points on the unitary circle are kept on it, the points
inside are kept inside, and the points outside are kept
outside. Therefore an unstable system cannot become
stable, while a stable system remains stable. This
means that a warped FIR filter is always stable, even
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though it is no longer a“finite response” filter, asthe
network shown in fig. 6 contains loops.

in ‘
| ®

out

*

etc.

Figure 6 - Practical structure of the WFIR

It can be shown that for the points near +1 the
distance from the unitary circle increases, whilst it
decreases for the points near -1. Therefore the time-
domain behavior of a warped signa is remarkably
changed. As an example, let us consider a simple
system, whose z-transformation features only a pole
a on thereal axis. Itsexpression in the z-domain, and
in the time domain is respectively:

1 _[ 0 'n=0 6

F(Z)—z ® f(n)—?|a|n—l ‘n>0 (6)

The time constant t is defined as the time necessary
to reduce the system output to 36.7% of the
maximum value, i.e. to the 1/e percentage of the
maximum. Then, if a=0.99 thetime constant is equal
to about 100 samples. If the system is warped with
| =0.8, the above-mentioned pole (0.99) is remapped
to 0.9135. On the other hand, a system with a high
frequency pole near the Nyquist frequency, e.g. a=-
0.99, would be remapped to -0.9989. This means
that the time constant for the low frequency pole is
just 12, whilst it is 900 samples for the high

frequency pole.

In other words, when an impulse response is warped
with a positive | , the low frequency information is
compressed in the first samples of the warped
impulse response, while the high frequency
components are stretched toward the last samples.
Thus, a warped impulse response can be truncated
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after a few samples, without losing low freguency
information. This property holds especially for high
valuesof | .

3.2 Implementation of the WFIR structure as
an audio plugin and as DSP code

The WFIR structure illustrated in fig. 6 was first
translated into an equivalent C-language code,
suitable to operate on discrete-time samples of a
sound waveform. The algorithm can be implemented
with a single cycle, which is repeated as many times
as the number of coefficients of the WFIR. This
implementation was done independently by two of
the authors [13, 14], with dightly different goals.
Torger’s implementation is freely available as GNU
public domain software.

The body of the cycle requires 3 multiplications and
3 sums, plus 4 memory operations (3 retrieves and
one store). The algorithm requires a memory space as
long as the number of filter coefficients, in order to
store the partial sums of each stage.

In comparison, the traditional FIR algorithm is much
cheaper, as the body of its main cycle requires only a
single multiplication and addition, and two memory
operations (retrieving the coefficient and the sample).
The related computational cost is thus approximately
given by the ratio 10/4, provided that we assign the
same weight to multiplication, addition and memory
operations.

Then the C code was embedded in a Cool Edit plugin,
in order to mimic the behavior of the DSP code
(allowing for listening tests, although not in real-
time) and to prewarp the measured impulse
responses. This means that it is possible to process
the measured IRs in the warped domain, deriving
directly the coefficients of the cross-talk canceling
inverse filters. Fig. 7 shows the user interface of the
“ConvoWarp” module.

ConvoWarp with clipboard
Info Channels to convolve
oK
Audio Data: Audio Data Imp Res
48000 He/Steren/16384 Samples € Lef € Lef
WFIR: elements © Right € Right
Cancal
48000 He/Steren/16384 Samples & Bath & Both
BARK | I Crosstalk Cancel Mode
\Warping Cosff Lambda:  [0.7768 — Bt e
User. fAngela Farina I~ Remove DC component
Reg. key — R AutoRange result

Fig. 7 — User interface of the WFIR module

From the user point of view this module simply
requires one to store the WFIR coefficients on the
clipboard (in WAV format), then allows for the
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processing of a stereo audio signal by up to four
separate WFIR filters, and thusis ideal for cross-talk
canceling networks.

When the plugin is employed for the pre-warping of
measured impulse response coefficients (or of pre
computed cross-talk canceling filters), a negative
value of | must be used. Furthermore, a discrete
Dirac delta function is fed into the warped filter
structure using the measured impul se response as the
coefficients of the WFIR. This operation produces
the set of pre-warped coefficients.

Both WFIR and FIR architectures have been
implemented on an evaluation board equipped with
an AD 21065L SHARC processor in assembly code
for efficiency purposes. This DSP unit is capable of
real-time processing up to approximately 900
multiply-add operations at a sampling rate of 48 kHz.
This means that with the traditional FIR
implementation approximately 225 taps for each of
the 4 crosstalk canceling filters are allowed at
maximum.

LCNTR=Wfilter_taps-1, DO wmac_rr UNTIL LCE;
F12=F2*F4, F9=dm(I5,M7), F4=pm(19,M8);
F10=F2*F5, F8=F8+F12, F9=dm(I5,M6);
F1=F9-F10, F9=dm(I5,0);

F10=F1*F7, dm(I5,M7)=F2;

wmac_rr: F2=F9+F10;

Fig. 8 — Analog Devices AD20165L code for WFIR

Exploiting the parallel processing capabilities of the
SHARC processor, the WFIR code was implemented
with only 5 lines of code, as shown in fig. 8, and
thus, in this case, the computational cost of the WFIR
is exactly 5 times of that of a traditional FIR. Thus,
the maximum number of taps for each WFIR cross-
talk canceller is 45.

3.3 Experimental results

Experiments and listening tests were performed at
ASK Industry, Italy, inside a treated listening room,
equipped with a par of professiona-grade self-
powered monitor loudspeakers (Dynaudio). The
loudspeakers were arranged in the stereo dipole
configuration (distance between the acoustic centers
was 350 mm, and the listener’s head was 2 m from
the front of the speakers). First, the binaural impulse
responses were measured, making use of a
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Bruel& Kjaer head and torso simulator type 4100, a
PC equipped with a professional sound board (Echo
Layla) and the Aurora measuring software [15]. Fig.
10 shows a typical measurement session.

Fig. 11 shows the measured impul se responses of the
system, corresponding to the 4 impulse responses
referredtoashinfig. 3.

First, a set of very long inverse FIRs was computed
(2048 taps each), as shown in fig. 12. When these
filters are employed (running them with the Aurora
convolution plugin under CoolEdit), a good
frequency response and cross-talk cancellation is
obtained, as shown in fig. 13.

Despite the length of these inverse filters, the
response is good only above 600 Hz: at lower
frequency the response is quite uneven, athough the
cancellation of the cross talk remains very effective.

= = . =

Fig. 10 — Measurementsin the ASK listening room

After this, the “short” FIR and WFIR inverse filters
were derived, respectively 220 and 42 taps long. Fig.
14 shows the effect of such short FIR inverse filters
when applied to the system of fig. 8.

Similarly, figs. 15 and 16 show the WFIR
coefficients, and the filtering effect of the WFIR
structure.

From these results, it is clear that the short FIR only
behaves correctly a medium/high freguency,
providing poor overall response, with great problems
at low frequency. On the other hand, the WFIR gives
an overal flat spectrum starting from much lower
frequencies, athough the cross-talk cancellation is
somewhat less effective, and the time response is
dightly “smeared”.
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Fig. 11 — Measured Binaural Impulse Responses and
corresponding frequency response
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3.4 Subjective comparison

The audible performances of the two digital filtering
techniques were compared in a blind subjective test.
14 normal-hearing subjects were employed, aged
between 20 and 36, 6 were females. The subjects
were not trained in listening tests, nor did they know
anything about the research and the goals of the
experiment. Each subject was comfortably seated at
the “sweet spot® in front of the Stereo-Dipole
loudspeaker pair. He was given control of the DSP
unit through two selection buttons, which were
labeled A (FIR) and B (WFIR). A CD player
generated the test signals (binaural recording of
natural sounds on the beach, and of music inside a car
compartment). The listener was free to switch in any
moment between A and B filters. He had to fill in a
guestionnaire containing 7 attributes, rating each of
them on a 5-levels scale (insufficient, mediocre,
sufficient, fair, good), for both A and B systems.

The results were analyzed using classical ANOVA
[16] (performed thanks to the Excel analysis
toolpack). The following table presents the statistical
results (the 5% critical F-value was 4.2252, which
means that values greater than it indicate that the
difference between A and B is significant).

Question Avg. A |Avg. B |Anovas F|Prob.
factor

Overall appreciation |3.57 4.79 34.47 0.00%

Image localization  |3.79 4.36 4.38 4.63%
Stage width 350 471 |2172  |0.01%
Naturality 3.71 457 10.88 0.28%
Low frequency resp. |3.29 4.36 11.56 0.22%
Mid freguency resp. |3.79 4.07 1.60 21.7%
Hi frequency resp. |4.14 4.43 0.98 33.1%

Fig. 16 — crosstalk cancellation with WFIR filters.
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Also the probability that A and B responses are the
same was computed; the ANOVA'’s results can be
seen in graphical formin fig. 17.

From the table above and from fig. 17, it is clear that
system B (WFIR) was significantly better than
system A in questions 1, 3, 4 and 5. The significance
is at limit for question 2 (prob. 4.63%), and there is
no substantial difference in question 6 and 7. This
means that the WFIR is globally better, and,
particularly, because it widens the stereo image, it is
more natural, and has deeper low-frequency
response. Some subjects reported also that system A
isdrier, whilst system B is softer (and thisis certainly
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due to the time smearing already mentioned in the
previous section).

Averages, standard deviations and ANOVA probability results

463% [o01%q [o:28%] [o22%] 21.71% 33.10%

.
55 000/
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1
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s
s
25
2
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appreciation  localizatio ampltude  resp.  resp. frequency res)

Fig. 17 — Anova of the subjective responses
3.5 Generalization to other stereo recordings

The above described procedure requires, in principle,
that the same dummy head be employed, both during
the recording of the stereo soundtrack, and for
measuring the h impulse responses from which the
cross-talk canceling filters are to be computed.

The obtained inverse filters are independent of the
listener (each listener will add his own HRTF
signature to the received sound), but they depend
strongly on the listening setup (loudspeakers, room)
and on the binaural microphone employed.

The last fact can be a problem for the reproduction of
pre-recorded material available on most commercial
CDs: in fact, only a small number of them were
recorded with a binaural dummy head (in many cases
the Neumann KU-100), and the vast majority consist
of stereo recordings which can be categorized in one
of two very different genders:

- coincident
- spaced

In the first case, only level differences appear
between the two channels, and the recording is
conceptually  derived from two directional
microphones coincident in space and with a certain
angular divergence between their maximum
sengitivity directions (Blumlein approach). In the
second case, the signals come from two microphones
placed at arelative distance similar to the human ears
(approximately 170-180 mm), and thus they exhibit
significant time misalignment between the two
tracks, often with some further level difference
caused by a physical obstacle between them (for
example arigid sphere) or by the directivity patterns
of the microphones (which should in principle mimic
the low-order HRTF spatial response). The first

AES 19™ INTERNATIONAL CONFERENCE

AMBIOPHONICS PRINCIPLES

category aso includes “virtual” stereo mixes,
obtained by pure level-panning of monophonic
recordings.

The spaced recordings are perfectly suited for
reproduction with the cross-talk cancellation method,
provided that the corresponding inverse filters are
computed with the same microphone employed for
the recordings. For thiswork, just two extreme cases
were considered, namely the ORTF microphone
(Schoeps MSTC64, 170 mm spaced cardioids with
110° aperture) and the sphere microphone (Schoeps
KFM-360 or KFM-6). Usually recordings done with
spaced microphones are easily identified as such, and
often details on the microphone type and placement
are specified on the CD cover.

The vast mgjority of released CDsfall in the category
of coincident recordings, abeit most of them are
really studio-made amplitude mixes of spot miked
multichannel recordings. One could think that the
lack of interchannel delay impedes proper cross-talk
cancelled reproduction of these recordings: instead it
turns out that delivering these signal through a
“moderate” cross talk cancellation field yields a
realistic spatial imaging (although not comparable
with spaced recordings). “Moderate” cross talk
cancellation refers here to the typical effect
obtainable by mechanical barriers, instead of by
means of digital filters.

As clearly demonstrated by R. Glasga [17], a
mechanical barrier placed between the loudspeakers
in the Stereo Dipole configuration, and extending
near the face of the listener, provides quite effective
crosstalk cancellation at high frequency (above 1
kHz), and progressively much less cancellation
towards low frequency, with no separation at all
under 200 Hz. This arrangement seems to provide
suitable localization cues at high frequency (where
the spatial imaging is governed mainly by level
difference between the two ears), and preserves the
traditional cross-talk based imaging at low frequency,
where there is not any phase difference encoded in
the source material, and this difference has to be
recreated by the diffraction around the head of the
listener.

In conclusion, 4 different sets of inverse filters can be
created, each of them specifically suited for a
different recording technique: binaural, sphere,
ORTF and coincident (M/S Blumlein). Selecting the
optimal set of filters, almost any kind of recording
can be reproduced successfully over a Stereo Dipole
with cross-talk cancellation.
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4 VIRTUAL AMBISONICS SURROUND

In most cases, the stereo recording provided on
commercial CDs is obtained with good spatial
information related to the position of the sound
source and their direct soundfield, but very little
“ambience” information is encoded in the source
material. In fact, in traditional stereo reproduction, it
is quite annoying to hear, superimposed on the direct
sound coming from front, the discrete reflections and
reverb which should arrive from the sides, above and
behind the listener in a good concert hall.

So sound engineers tend to place their microphones
very close to the sound source, and to shield them
from “annoying” reflections and reverb coming from
the back of the room. A redlistic replication of a
music listening experience requires that the whole
three-dimensional sound space be reconstructed in
the reproduction space.

This space can be obtained with the Ambisonics
technique, although with very limited definition or
localization of the direct sound source location. The
basis for the Ambisonics method is the description of
the gspatial properties of the sound field by means of
the B-format signal: it is a 4-channel signal, obtained
from the sound pressure captured by an
omnidirectional microphone (called W) and by the
three first-order spherical harmonics of the sound
pressure field, corresponding to the response of three
figure-of-eight microphones aligned with the axes of
a 3D Cartesian reference system (called X, Y and Z).

It must be clear here that the inventors of the
Ambisonics technique [2,18] did not know anything
about modern energy analysis of sound fields[19, 20,
3], athough their very original theories were in a
certain sense anticipatory of these subsequent modern
developments. In practice, the spherical harmonics of
the sound pressure field were easily confused with
the Cartesian components of the particle velocity
vector, as they are coincident, following the Euler’'s
equation, in the case of plane, progressive waves. In a
generic sound field, though, pressure and velocity
exhibit significant phase and gain mismatch, and
these quantities should not be confused at present.

This is not a problem for “synthetic’ B-format
signals, obtained by panning a single mono track with
proper gains, computed simply by using the values of
the cosines of the angles between the intended
direction of the sound with the three Cartesian axes,
it isthough a great problem for signals captured from
a “true” sound intensity probe, which captures the
real physical quantities (pressure and particle velocity
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components). The widely employed Soundfield
microphone has a strange, intermediate behavior: it is
close to a true sound intensity probe when the
wavefront has little curvature, but deviates from it in
the cases of strong curvature. However, it does not
achieve the theoretical behavior of a pure cosine
weighted pressure microphone.

In a generic, reactive sound field, deriving accurate
three-dimensional information from measurements
done with a Soundfield microphone is not an easy
task: although not corresponding to the definition of a
B-format signal, it issimpler to process true pressure-
velocity recordings obtained with a sound intensity
probe, because the relationship between these
physical quantities is mathematically known. But the
signals coming out from a Soundfield mike are not so
easily interpreted, because the published theory
describing its behavior [18] is valid only with plane,
progressive waves.

The process described here for creating a three-
dimensional soundfield surrounding the listener is
caled “Virtual Ambisonics’ because it is not based
on native B-format recordings, but on B-format
signals reconstructed by convolution of the original
stereo recordings with B-format impul se responses.

As the B-format signal needs to be “decoded” for
feeding a three dimensional loudspeaker array, and
being that this decoding process is implementable as
another convolution with a set of proper decoding
filters [21], it is possible to connect the two
convolutions into a single one: a set of three-
dimensional IRs can be derived, which can be used
directly as filters, applied by convolution to the
origina stereo recording, and then use them to drive
the loudspeakers in the reproduction array. This
combination can be seen as the synthesis of the
impul se response obtainable by a virtual microphone,
characterized by strong directivity, and pointing in
the direction, relative to the listener, of the specific
loudspeaker being considered, when the sound field
is produced, in the original concert hall, by a sound
source located on the stage. As this surround
methodology need not be as accurate as the binaural
one, just two positions of the sound source can be
considered on the stage, as shown in fig. 2,
corresponding to a generic “L” and “R” positions.
Thus, for each loudspeaker in the reproduction space,
two “3D Impulse Responses’ are defined, named
S.ap and Sgap respectively: the spesker feed is
obtained as the sum of the results of the convolution
of the two original signals with these filters.

11



FARINA ET AL.

4.1 Measurement of 3D Impulse Responses
in theatres and concert halls

M.Gerzon [22] first proposed to start a systematic
collection of 3D impulse responses measured in
ancient theatres and concert halls, for assessing their
acoustical behavior and preserving it for the
posterity. His proposal found sympathetic response
only very recently, with the publication of the
“Charta of Ferrara’ [23] and the birth of an
international group of researchers who agreed on the
experimental methodology for collecting these
measurements [24].

Only a small number of theatres have yielded a
complete three-dimensional impulse response
characterization up till now. Among them, we
employed for the present work the IRs measured in
three Italian theatres:

- Gran Teatro LaScalain Milan
- Teatro Comunaein Ferrara
- TearoVerdi in Trieste

The following table reports the main technical data
regarding the measurement technique employed in
each of these three rooms:

Room La Scala| Comunale | Verdi

Milano Ferrara Trieste
Dodechaed. | Norsonic | Look Line | Look Line
Excitation | MLS Log sweep | Log sweep
signal order 16 5s 15s
Microphone | 7 stacked | 3D sound | Soundfield

positions | intensity MK-V

of a B&K | probe

% type | (B&K type

4166 waD447)
Sound MLSSA Echo Echo
Board Layla Layla
Sampl. rate | 60606 Hz | 44100 Hz | 44100 Hz

The measured three-dimensional impulse responses
of these three theatres can be downloaded from:
HTTP://pcangelo.eng.unipr.it/public/AES19 .

Fig.s 18, 19 and 20 show, for each theatre, a
schematic plan of the room with the positions of the
sound sources and of the microphone.

AES 19™ INTERNATIONAL CONFERENCE

AMBIOPHONICS PRINCIPLES

0= TR,

AL
i -

T, [

Fig. 18 —Plan of La Scalain Milan

i et gty

8
“ta §
Fig. 20— Plan of T. Verdi in Trieste

It must be noted that La Scala was in opera
configuration, but the other two were in concert
configuration, with a reflective orchestra shell
mounted on the stage.

Some details are required regarding the three
different kinds of microphones employed in these
three rooms. In La Scala, a “virtual” 7-omnis
microphonic array was employed [25], obtained by
moving asingle omnidirectional pressure microphone
(B&K type 4166) into 7 close postions, and
measuring a separate impulse response at each of
them.
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Fig. 21 — 7-omnis microphonic array

The geometry of the array is shownin fig. 21. From
these 7 IRs, it is easy to extract 4 processed IRs, the
first being simply the pressure response in the central
microphone, and the other three being the particle
velocity components along the three axes computed
by means of the classic Euler’s relationship, with the
finite  differences  approximation  commonly
employed in sound intensity analyzers:

t z <
Vx(t)= o gpx+(t)' Px- (t)zxdt (7)
-y e r>d u

The same approach is employed for deriving pressure
and velocity components from the 6 IRs measured at
the Teatro Comunale in Ferrara by means of the
three-dimensional sound intensity probe B&K type
WAO0447, which is shown in fig. 22.
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In this case there is no central pressure microphone,
S0 the pressure signal has to be derived simply as the
arithmetic mean of the 6 signals measured around the
central virtual position. It must be noted, however,
that this fact introduces some minor artifacts, as the 6
signals summed together are not perfectly coherent,
and this introduces some high-frequency amplitude
fluctuation, and a certain degree of smearing in the
time domain.

In the third case, a standard Soundfield microphone
was employed, as shown in fig. 23. This unit is
equipped with a specia electronic processor, which
extracts the 4 signals labeled W, X,Y and Z.

As discussed earlier, in very reactive sound fields
(close to the sound source, in a small, highly
reverberant room) none of these three microphonic
probes produces exactly the theoretical B-format
signal (spherical harmonics of 0" and 1% order of the
pressure field). But in the halls studied here, the
sound source was very far away and the room was
quite dry compared to its huge size (Italian theatres
are known for their low reverberation times
compared to north-European concert halls of the
same size); this is demonstrated by fig. 24, which
shows the measured reverberation times in the three
theatres.

Reverberation Times

— \

05 Y

63 125 250 500 1000 2000 4000 8000 16000
Frequency (Hz)

‘—O—Comunale Ferrara =8 La Scala Milano —— Verdi Trieste‘

Fig. 24 — Reverberation time of the three theatres

Consequently, it can be assumed that in these three
cases the measured pressure-velocity 4-channellRs
are a reasonable approximation of the theoretical B-
format signals, and thus they can be processed with
classic Ambisonics-like math for extracting the
responses of virtual microphones, with proper
directivity patterns, and pointing in any desired
direction.
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4.2 Derivation of directive microphone
responses

The first point to clarify here is that the Soundfield
microphones adhere to the old-style B-format
standard, in which the W channel has a gan
reduction of 3 dB compared with the other three
signals XY Z. To make use of uniform notation, it is
assumed here that this 3 dB gain reduction is
immediately compensated for, and thus al three
microphone probes result in the measurement of 4
IRs with the same absolute gain for all 4 channels.

The basis for the synthesis of a virtual microphone
from the B-format signals is the fact that combining
the response of an ominidirectional microphone (W)
with afigure-of-eight microphone (X, for example), a
cardioid response is obtained, as shown in fig. 25. If
the gain of X is reduced in comparison with W, the
response becomes sub-cardioid, but if the gain of X is
greater than the gain of W, a hypercardioid response
is obtained. This same fact is employed in the control
unit of the Soundfield microphone, which alows for
the recreation of the signal of two virtua
microphones with selectable directivity patterns.

If the virtual microphone has to point along a generic
direction described by its unitary vector 1, the
response of the single figure-of-eight microphone X
has to be replaced by a linear combination of the
three signals XY Z, employing the directional cosines
of 1 as weighting factors. Thus the response V of a
generically-oriented virtual microphone can be
computed as:

V(F) =%x[(2- D)W + D o{ry XX +1, % +1,2)|(8)
In which the directivity factor D can assume these
values:

D=0.0 =>» omnidirectiona

D=0.5 = subcardioid

D=1.0 = cardioid

D=15 =» hypercardioid

D=2.0 = figure-of-eight

The above relationship (8) makes it easy to derive the
proper impulse response corresponding to the
position of each loudspeaker in the reproduction
array, by post-processing the B-format IR measured
in the theatre. This has to be repeated, of course, for
both the B-format IRs, measured from the two source
positions inside the theatre (L and R). For a
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reproduction array of 8 loudspeakers, for example, 16
synthetic IRs are obtained, and saved as 8 stereo
waveforms (one for each loudspeaker).

Fig. 25 — Synthesis of directive patterns

The feed for each loudspeaker can thus be derived
simply convolving the stereo original recording with
the stereo IR (LAIR. and RAIRg) and summing
(mixing together) the results.

By trial and error, it was found that the optimal value
of the directivity factor D is approximately equal to
1.4 (hypercardioid), because this way each derived IR
is much less correlated with the others. This
corresponds approximately to the maximization of
the field indicator rg, as suggested in [26] by J.
Daniel for optimizing the decoding of B-format
recordings. This also corresponds roughly with the
method suggested by Okubo [27].

4.3 Modification of the impulse responses

For pure Ambisonics reproduction, the impulse
responses derived in the previous section are
theoretically perfect, provided that the reproduction
space is amost completely anechoic.

This was verified by a direct comparison between a
live B-format recording made in the Teatro
Comunale in Ferrara of a piano concert, which was
then compared with the virtual reconstruction
obtained by convolution of an anechoic recording of
the same music piece with the impulse responses
derived by the B-format measurement made with the
sound source and the microphone placed exactly in
the same positions as during the live performance. 13
of 18 listeners were unable to detect the difference
between the live recording and the virtual one, and
those who were capable of detecting a difference,
were unable to reliably rank their preference for
either one of the two recordings.

These tests were performed in the listening room of
the University of Ferrara, making use of students of
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the Engineering Faculty as subjects (thus they were
not sharped-ear musicians or audiophiles, and this
can partially explain their inability to identify the
difference between the two sound samples).

It was concluded, however, that the virtua
implementation of Ambisonics by convolution is at
least as good as the “live" Ambisonics
recording/playback, and thus it is generaly
preferable, requiring the recording of just two
channelsinstead of four, and producing a much wider
dynamic range (the background noise of the XYZ
channels is strongly reduced by the MLS or sine
sweep measurement methods, and after convolution
these channels have wider dynamic range than the
corresponding channels coming from live recording).

But for the use of the Ambisonics array as a
complement to the Stereo Dipole inside the
Ambiophonics system, the derived three-dimensiona
impulse responses have to be processed: first of all,
they do not need to reproduce the direct sound or the
early reflections coming from the orchestra shell on
the stage, because these are already included on the
original stereo soundtrack, and are being reproduced
with much finer detail by the frontal loudspeaker pair
driven through the cross-talk canceling filters.

This means that the first part of the impulse response
must be silenced (not cut away), to preserve the
proper delay of the subsequent reverberant tail in
relationship with the direct sound being reproduced
by the stereo dipole.

In reality, the proper time alignment between the
signal being reproduced through the stereo dipole and
through the surround array must be checked, taking
into account two other facts:

- the position of the main microphone during the
origina stereo recording is usually much closer to
the sound source than any rea listener in a
concert hall, particularly looking at the place
where the three-dimensional IRs were measured,
as shown in fig. 18, 19 and 20.

- the crosstak canceling filters introduce a
significant delay (approximately half their
length), and thus they tend to partialy
compensate the previous statement, causing a
substantial increase of the source-receiver
apparent distance.

It seems, however, that a few milliseconds of error in
the delay of the reverberant tail with respect to the
direct sound does not cause anything harmful,
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although, of course, the perceived distance from the
stage is dlightly changed.

The second modification required is a proper
amplitude-shaping of the IRs. Thisis due to the fact
that the reproduction space is nhot anechoic, and thus
its reverberation (h) tends to add to the reverberation
of the original theatre (s). We consider a simple
exponential model of the two IRs, in the form:

s(t) = w(t)>expaEf 6.91><t—g
Ts g

e 0 ©

h(t) = w(t) sexpps 6.91%%
Thg

in which Ty, and T are respectively the reverberation
time of the original theatre and of the reproduction
space, and w(t) is awhite noise random process.

During the reproduction, the two IRs are convolved
together, resulting in a global IR having a longer
reverberation time:

Th
s(t)=s{t)Ah(t)= gslt - t)*(t)t (10)
0
It must be noted that the convolution of two purely
exponential decays is not another exponential decay,
as clearly shown in fig. 26: the resulting impulse
response exhibit a complex shape, with an initial part
during which the amplitude of the signal increases,
followed by a decay with a non-constant slope.

It can be seen from fig. 26 that the final slope of the
convolved impulse response asymptatically tends to
the slope of the origina IR: in fact the EDT valueis
significantly increased (1.46 s), whilst T3 (1.05 s) is
only slightly larger than the original theoretical value
(2.0 9). In practice, the most important effect is that
there is much more energy in the reverberant tail
(after 1.9 s the backward-integrated curve is
approximately 6 dB higher): this means that the
values of most important early-to-late energy ratios
have been substantially altered. The value of Center
Time, for example, is 156 ms instead of the origina
73 ms.

It might seem straightforward to solve the above
problems by creation of a mathematically exact
inverse filter: in principle, both the Mourjopoulos [9]
and Kirkeby [6] theories allow for the creation of
inverse filters, which can be convolved with the
signal removing the effect of h(t). Unfortunately this
istrue only at the exact point where h(t) is measured.
At all other points of the reproduction space the
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convolution with these inverse filters cause even
more reverberant energy to be added.

S(t)—Tszl.OS E

s 01 02 03 04 06 06 0F 02 09 10 11 12 13 14 15 16 1.7 1& 1.9 20

h(t)-Th=05s|

s 01 02 03 04 06 06 0F 02 09 10 11 12 13 14 15 16 1.7 1& 1.9 20

S(t)Ah(t) -T=113s

s 01 02 03 04 06 06 0F 02 09 10 11 12 13 14 15 16 1.7 1& 1.9 20

Fig. 26 — Convolution of two purely exponential
decays (T=1s, T=0.59), resulting in a non-
exponential decay

The only viable solution is thus an empirical editing
of the impulse response s(t) before this is convolved
with the signal to be reproduced, so that the result of
the subsequent reproduction in the listening room
maximally resembles the IR of the original space. In
the case of the theoretical signals shown in fig 24 and
described by the equations (9), it is necessary to
apply to s(t) an amplitude modulation described by
the shape shown in fig. 27.
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Fig. 27 — Amplitude shaping of s(t)

It must be clear that with real impulse responses there
is not (yet) any simple theory for optimizing this
amplitude shaping: furthermore, as the reverberation
time is frequency-dependent, often the amplitude
modification of the IRs should be made by means of
a time-varying octave-band equalization, which is
possible with the standard editing tools of
CoolEditPro. So in practice this adjustment is
actually done by trial and error, depending on the
acoustical properties of the listening room: of course
this process cannot solve a major problem of the
reproduction space, such as focusing or resonances, it
can simply ameliorate the listening experience a
little. The optimal solution is aways obtained by
proper room treatment, employing, if required, bass
traps and other sound absorbing devices, ensuring a
short reverberation time with uniform spectral
behavior. When the reverberation time of the
reproduction space is less than 1/5 of the
reverberation time of the original theatre, the effect of
the listening room becomes absolutely unnoticeable,
being masked by the much larger reverberation of the
original space.

5. IMPLEMENTATION
5.1 Hardware Implementation

From the theory discussed in the previous sections, it
is clear how the complete Ambiophonics system can
be implemented simply by means of multiple
convolution of the original input signas with a
number of impulse responses. A typical system can
have, for example, 10 loudspeakers. two for the
frontal stereo dipole, and 8 for a three-dimensional
surround array.
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In the most common case of a stereo (two-channel)
source recording, each of these ten loudspeakers
needs to be fed with the mix of the results of the
convolution of the two input channels with two
loudspeaker-specific impulse responses: these are
cross-talk canceling filters in the case of the first two
loudspeakers, and three-dimensional room IRsfor the
other 8 loudspeakers.

This means that, in principle, there is no need to
differentiate the processing of the first two channels
from the other: and in fact both the currently
available software solutions do not differentiate
between them in any way. But when the system is
implemented by means of hardware digita
convolvers, it can be useful to exploit the differences
between the filters used to convolve: it was shown in
section 3, for example, how a low-cost DSP board
can be used for cross talk cancellation by frequency
warping the FIR coefficients.

Another possible implementation makes use of a
general-purpose multichannel DSP unit (Soundweb
by BSS) for performing the cross-talk cancellation in
real-time. This versatile machine can easily be
configured for processing a cross-talk cancellation
network based on FIR filters, by means of its very
friendly graphical programming environment, as
shown in fig. 28.
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Fig. 28 — Soundweb cross-talk cancellation network

In any case, the other 8 channels of room convolution
need to be produced, again in real-time and with no
processing latency, by means of hardware DSP
convolvers. Nowadays the only units capable of
doing this are the Lake DSP workstations and the
Sony DRE-S777 processor, the JWC XP-A1010
processor having been discontinued.

Regarding the Lake DSP platform, a high-end Huron
system is required for performing in real-time 16
convolutions with filters of suitable length (typically
128 kpoints at 48 kHz). The Lake' s Huron system is
highly versatile and easily configurable, and allows
for easy subgtitution of the IRs; its only practical
limit, apart from the cogt, is the limited S/N ratio,
principally due to low quality AD and DA
converters; although they can be bypassed through
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the use of SPDIF digital interfaces, the internal
processing is still done with fixed-point math, and
thus the dynamic range and linearity are inherently
limited compared with today’s audiophile standards
(24 hits resolution). It must be noted that, although
the input signal can suitably be limited to 16-bits, the
convolution process dramatically enlarges the
dynamic range, restoring the very extended response
to transients (particularly at a sudden end to the
sound) which can be experienced in a real concert
hall; this meansthat its output needsthe full currently
available 24 bits.

In this respect the Sony convolvers are actually state
of the art, ensuring a completely uncompromised
signal path and an outstanding signal purity. Their
main defect is that these units were designed as two-
channels units: an additional DSP board can be
inserted for obtaining a four-channels system, but for
obtaining 8 channels two units are needed.

The second limitation of the Sony convolvers is that
they can employ only the impulse response sets
contained in the special Sony CDs. One cannot load
on these machines user-defined impulse responses.
For at least three of the top ranked concert halls,
Sony supplies multichannel impulse responses
(apparently measured with substantially different
microphone orientation and positions, not deriving
them from a B-format IR as explained here in section
4), which can be successfully employed for
Ambiophonics. The editing possibility contained in
the convolversis limited, and so the adaptation of the
IRs to the reproduction space can be done only
partially.

Professional CD Player

Stereo Dipole

2 x Sony DRES-777
Fig. 29 — Hardware Ambiophonics system

8 Surround speakers
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In concluson, an audiophile-grade complete
Ambiophonics system can be built with hardware
parts commonly available on the market, namely a
BSS Soundweb for driving the Stereo Dipole and two
4-channels Sony DRE-S777 convolvers driving 8
surround channels, as shown in fig. 29. It must be
remembered that a suitable listening room (with very
little reverb and compl ete absence of other defects) is
required, along with a good pair of loudspeakers for
the Ambiopole; the other surround loudspeakers, on
the other hand, are less demanding, and thus can be

cheaper.

5.2 Software Implementation

At the time of writing, three possible solutions are
known for obtaining Ambiophonics listening by
means of a computer equipped with a high quality,
multichannel sound board. These are described here
only very briefly.

The first solution, which has been available now for
some years, is based on the use of the Cool EditPro
software. The soundtracks must be computed in
advance, and stored on the hard disk inside a
multichannel session of CoolEdit. Then the
waveforms can be played at will. The main advantage
of this approach is that, since the computation is done
off-line, even a very slow computer can be employed
(there is not any real-time constraint). Of course, it
takes a while to convolve the origina stereo
waveforms with all those IRs, and to save the results
as separate WAV files on the hard disk. The
convolution can be done by means of any of the
currently available plugins, including the one aready
shipped with Cool EditPro.

The second solution is based on the Ambiovolver
software, developed by J.J. Lopez [28]. It is a real-
time convolver, which employs the very efficient
Intel FFT routines, though using the traditional
select-save algorithm [29]. This solution comes in a
WIN32 executable, with graphical user interface, and
is capable of sustained convolution of two input
channels with 10 stereo IRs, driving ten output
channels. Depending on the computational power
available, up to 128 kpoints long IRs can be
employed. The main disadvantage of this software
solution is that it causes a substantial delay between
input and output (approximately twice the length of
the IRs), which is not a problem for listening to pre-
recorded material, but which is a serious problem in
other applications (realtime acoustic display,
synchronized audio-video virtual reality, etc.).
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The third solution is the BruteFIR software by A.
Torger [30]: it is GNU public domain software
developed under Linux, which substantially does the
same things as Ambiovolver, but employs a very
clever convolution algorithm: the partitioned
convolution scheme pioneered by Stockham [31] and
refined by Soo and Pang [32].

This algorithm is substantially based on the select-
save agorithm, but the IR is partitioned in many
blocks of the same length, each of them being
convolved separately. This reduces the overall
latency to twice the length of these sub-blocks, which
is significantly shorter than the whole IR lengths
(typically 8 or 16 partitions of the IR are used). The
typical latency is 100 - 400 ms, thus low enough
for interactive use, but not low enough for synching
with a zero delay video stream.

In theory, this should result in increased
computational load (although significantly less than
with zero-latency convolution achieved through
hybrid filtering, as employed by Lake DSP and
described by W.G. Gardner [33]), but in practice,
since the implementation is very well suited to the
memory management and paralel processing
capabilities of modern processor architectures, it ends
up being up to twice as efficient as the traditional
unpartitioned select-save algorithm.

The extra power made free by this clever agorithm
can be employed to run at a higher sampling rate (96
kHz), or to drive more channds (16 surround
loudspeakers instead of 8), or even for processing
source signals with more than two channels. In fact
BruteFIR can be configured to process any number of
inputs, and it could be advisable to start with a 6
channel recording (SACD or DVD-audio).

In this case, the best strategy for Ambiophonics
reproduction may be to put the L and R channels
through the cross-talk canceling filters, and mix the
center channel (with proper delay corresponding to
half the length of the cross-talk filters) on both the
frontal loudspeakers. The surround loudspeaker array
is then better driven by the surround channels of the
origina recording, although these usually already
contain a large amount of room reflections and
reverb, and thus the convolved IRs must be very
short in this case; but they are still required because
they ensure proper inter-loudspeaker relationships
which build up the three-dimensional sound field.

Extending the theory already developed in section 4,
the room IRs required in this case should have been
measured with two sound source positions, in the
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original theatre, placed behind the microphone, at the
same azimutal angular positions corresponding to the
theoretical position of the “surround” loudspeakersin
ab5.1 system (+/- 110°). These sound source positions
should also be quite close to the microphone, so that
the reverb-to-direct ratio in the measured IRS is
small, and thus their convolution with the already
reverberated surround channels of a 6-channel
recording would not cause too much reverb in the
reproduction space.

Depending on the recording, however, it could also
be that the main channels L and R need to be
included in the surround reproduction, being
convolved with full-length room IRs as detailed in
section 4. BruteFIR can easily accommodate these
complex scenarios, because it can handle several
input streams and do the mixing process very
efficiently in the frequency domain, so that the
number of forward and inverse FFTs s not increased.

It must be said that at this time the number of
available 5 or 6-channel recordings is too small for
allowing the evaluation of the optimal strategies for
processing them Ambiophonically: nevertheless the
system is potentialy open to multichannel
recordings, and has the potential for overcoming all
the known limitations of 5.1 systems (lack of lateral
sonic images, horizontal-only surround, presence of
cross-talk related artifacts).

In conclusion, although at present Ambiophonics is
usualy obtained by means of hardware convolvers,
in the near future complete systems will be built at
very little cost thanks to standard PCs and
multichannel sound boards. These software solutions
circumvent all the limitations and the sound quality
degradation typical of today’s hardware solutions,
and should allow aso for the Ambiophonic playback
of 6-channels recordings.

6. SUBJECTIVE COMPARATIVE TESTS

At the time of writing, only a very preliminary
comparative test was performed among the three
alternative systems. Stereo Dipole, Ambisonics and
Ambiophonics.

The listening environment was a very damped
listening room, equipped with a pair of Quested F-11
self-powered monitors employed for the Stereo
Dipole and 8 General Music self-powered monitors
for the 8-ways Ambisonics cubic rig. Fig. 30 shows a
photograph of the listening room, which is actually
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capable of providing optimal listening conditions for
just one listener standing in the center.

Fig. 30 — Ambiophonics Listening room

A panel of 9 students was employed for the
comparative tests. Each subject was asked to rank, in
order of preference, three repetitions of the same
music sample, 40s long. One of them was presented
through Stereo Dipole only, one through the
Ambisonics rig only, and the third one employing
simultaneously  both  systems, that is by
Ambiophonics. It must be noted that al the signals
were pre-computed off-line by means of the Aurora
plugins [15], and CoolEditPro was employed for
playing the 10-channels session through a
multichannel sound board (Echo Layla). The first two
types of signals (Stereo Dipole and Ambisonics) were
obtained by muting the other channels, whilst the
third (Ambiophonics) was played with al 10
channels unmuted.

The above methodology is somewhat misleading
regarding Ambisonics, because in practice the
impulse responses employed for convolution were
deprived of the direct sound, and this caused the
reproduction of the sound through the Ambisonicsrig
to be excessively diffuse, with poor localization of
the sound coming from the frontal stage. On the other
hand, a brief informal test conducted employing IRs
containing also the direct sound shown that the
difference was not very evident, and thus it was
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considered not be worth the increased complexity
required.

Each subject had to rank 3 music pieces, each one
processed with a set of IRs corresponding to a
different theatre, coupled with adifferent set of cross-
talk cancelling filters.

The following music samples were employed:

Cross-talk
filters

Music piece Theatre

Mozart, Te Deum K141, | LaScada Binaura
Sennheiser MKE2002
(“Mozart Sacro”, n. 1)

Buxtehude KFM-6 | Teatro Sphere
(Ambiopole demo 1, n.13) Comunale
Mozart, Overture “Le nozze | Teatro ORTF

di Figaro”, bars 1-50, ORTF | Verdi
(Denon PG 6006, n. 37)

This, of course, did not explore al possible
combinations; furthermore, the results are certainly
dependent on the source material, and it was not
checked if the crosstalk filters were realy the
optimal ones for each recording (the coupling was
based only on “a priori” knowledge of the miking
technique employed for each recording).

It is planned to take the occasion of the public
demonstration of the three systems planned at the 19™
AES Conference for collecting a large number of
qualified subjective listening tests.

Nevertheless, the results of these first low-quality
subjective tests are encouraging. The following table
reports the average scores obtained by the three
methods, obtained assigning score 1, 2 and 3
respectively to the sound samples in their ranked
order.

Method Stereo | Ambisonics | Ambiophonics
Dipole
Avg. Score 1.99 2.77 1.24

A multi-dimensional statistical test applied to the raw
subjective responses demonstrated that the ranking is
statistically significant (the 95% confidence interval
resulted equal to 0.62, and thus both differences
between average scores are significant).

Of course, the limited number of subjects and sound
samples for each subject, and the fact that they were
not trained, nor selected for their discriminative
listening capabilities, means that the above results
must be considered just a very initial confirmation of
the validity of the Ambiophonics method.
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CONCLUSIONS

This paper presented the theoretical background and
the practical implementation of the Ambiophonics
surround system. The system can be seen as the
superposition of two already established surround
techniques (Stereo Dipole and Ambisonics): each of
them is employed for what it does best.

The superposition of the two cooperating systems
produces significant advantages, which are clearly
outlined by the theoretical analysis, and were
confirmed by listening tests.

Although Ambiophonics until how has been a quite
expensive system suited only for audiophiles in the
high-end, its modern implementation in the form of
freeware software for low-cost PCs opens its use to
the vast magjority of music lovers, provided that they
take care of allocating a suitable, well treated
listening environment.
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