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Acoustic opening is a multichannel audio communications system. It consists of an array of microphones in the trans-
mitting room and an array of loudspeakers in the receiving room. The goal is to provide listeners in the receiving room
an impression that there is only an opening, or a window, on the wall between the two rooms. This can be done using a
large number of audio channels and performing rendering using wavefield synthesis techniques. Nowadays, an acoustic
opening can be built using standard audio components. However, the problem how to code and transmit of a huge number
of highly correlated but nonidentical audio signals is almost untouched. This coding problem is studied in the current
article. A general framework is formulated and some of alternative techniques are examined.

INTRODUCTION

We study a multichannel audio communications system
which we a call avirtual acoustic opening.Arrays of
transducers are used to produce an illusion that there is
a mechanical opening between two remote rooms. This
principle is illustrated in a computational simulation be-
tween two rooms in Fig. 1. A simplified system with
a line arrays of transducers is shown in Fig. 2. Acous-
tic wavefield recorded using an array of microphones is
coded and transmitted to a remote location where an im-
itation of the wavefield is reproduced using an array of
loudspeakers. The principle was basically introduced al-
most 70 years ago [1]. In 1934, Snowet al. proposed a
system where the performance of an orchestra is recorded
using an array of microphones and the recording is played
back to an audience through an array of loudspeakers
placed on a stage behind a curtain. In this article, the
focus is in developing digital audio coding techniques for
such a system.

The hardware implementation of the system in Fig. 2 can
be built using standard audio components such as electret
microphones, multichannel PC sound boards, and small
active loudspeakers. In this article, we assume that the
illusion would be perfect if the number of transducers and
audio channels is sufficiently high and they are carefully
tuned and connected as in [2]. We call a system where all
microphone signals are transmitted to a same number of
loudspeaker at the receiving end ahard-wiredwavefield
transmission system. The only additional element is a
high-pass filter with 3dB/octave amplification which is
explained in [3]. In this article the compensation filter is
omitted to simplify formulation.

In 1986 Lipshitz [4] summarized thatthe information rate
of such a macroscopic wavefield reconstruction scheme
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Figure 1: Simulation of an acoustic opening system be-
tween Rooms 1 and 2 for a brief sinusoidal pulse emitted
in Room 1. The number of transducers was 32 at both
ends.

is vast and beyond the realms of possibility at present.
For example, a 16-bit representation of 25 audio chan-
nels at the sampling rate of 32 kHz would have the bi-
trate of 12.8 Mb/s. Digital coding of this massive flow of
highly redundant audio data is studied in this article. As a
practical solution to we propose that instead of transmit-
ting a large number of individual channels, we transmit a
smaller number of channels and a set of filter coefficients.
These are termedgenerating signals, andreconstruction
filters, respectively. They are used in the receiving room
to synthesize signals that drive an array of loudspeakers.
The rendering of a wavefield is typically done by means
of wavefield synthesis, WFS, techniques [3]. However,
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Figure 2: One-way acoustic opening consisting of an ar-
ray of microphones in Room 1 and an array of loudspeak-
ers in Room2.

in many cases the generic nature of the representation en-
ables a meaningful spatial audio reproduction using ba-
sically any loudspeaker-based or headphone auralization
technique.

We propose that there is an upper limit for perceptually
relevant acoustic information propagating through an acous-
tic opening from one room to another. The final bitrate
may depend on the size of the opening, the number of
sources, and room characteristics, but it should be inde-
pendent of the numbers of electro-acoustic transducers
used in some particular setup.

1. THE CODING PROBLEM

The microphone signals are highly correlated because they
are projections of the same acoustic wavefield. There-
fore, significant savings in bitrate can be expected if a
coder is designed to parametrize and encode the wave-
field information rather than individual signals. Signals
are recorded withM microphones and the sound field is
reproduced at the remote end using a set ofL loudspeak-
ers, see Fig. 2. In order to make same coded represen-
tation applicable to systems having different numbers of
microphones or loudspeakers it is reasonable to require
that the bitrate should be a constant, and thus, indepen-
dent of M and L. In addition, M and L can also be
chosen independently of each other. In this article, we
call this property thetransducer invariance(of wavefield
coding.) In this article, it is required that the size of the
opening is the same at both ends and locations of micro-
phones and loudspeakers are known to the encoder and
the decoder, respectively. The same size is needed only
to simplify notation. In practice, a difference in sizes of
transducer arrays could be handled using truncation or
extrapolation of wavefield information.

1.1. Generic framework for multichannel coding

We first introduce discrete matrix expressions which are
used in actual implementation and then generalize them
to obey the principle of transducer invariance. The en-
coding equation is given by

Γ1(z)
...

ΓN (z)
=

J11(z) · · · J1M (z)
...

...
...

JN1(z) · · · JNM (z)

X1(z)
...

XM (z)
, (1)

whereXm(z), m = 1, 2, · · · ,M are microphone signals
recorded in the transmitting room, andJnm(z), m =
1, 2, · · · ,M andn = 1, 2, · · · , G are linear filters which
map microphone signals toN generating signalsΓn(z)
that are transmitted to the receiver.
At a receiver we use a decoding equation given by

Y1(z)
...

YL(z)
=

G11(z) · · · G1N (z)
...

...
...

GL1(z) · · · GLN (z)

Γ1(z)
...

ΓN (z)
, (2)

whereYl(z), l = 1, 2, · · · , L are signals driving individ-
ual loudspeakers and filtersGln(z), l = 1, 2, · · · , L and
n = 1, 2, · · · , N , are calledreconstruction filters.
To simplify notation we replace discrete matrix represen-
tation of reconstruction filters in each row of (1), and
each column of (2) by continuous functions̃Jn(s, z) and
G̃n(s, z), respectively. The variables gives the metric
position in the array andn is the index of a generating
signal. Similarly, we may replace independent pressure
signals at the surface of the opening by a continuous pres-
sure functionỸ (s, z) which we define to be identical at
both ends. This leaves us with equations

Γ1(z)
...

ΓN (z)
=

J̃1(s, z)
...

J̃N (s, z)

Ỹ (s, z) (3)

Ỹ (s, z) = G̃1(s, z) · · · G̃N (s, z)

Γ1(z)
...

ΓN (z)
, (4)

Although the previous representation has been defined for
full-bandsignals, it is clear that basically any coding prin-
ciple can be applied also separately at different subbands
similarly as in traditional intensity stereo coding [5]. In
fact, this probably leads to most efficient coding algo-
rithms.
Traditional intensity coding of stereo signals is clearly a
special case of the presented formulation. Sum-difference
coding [6], or M/S stereo is also an example where en-
coding and decoding matrices of Eqs. (1) and (2) are
scalarmatrices and identical to those of the2× 2 Walsh-
Hadamard (or cosine) transform [7]. The extension of
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this principle to multiple channels is straightforward. Trans-
ducer invariance could also be obtained by fixing the rank
of the transform matrix and using interpolation or deci-
mation of transform basis functions to accommodate dif-
ferent numbers of transducers. However, application of
orthogonal transforms to vectors of simultaneous full-band
input samples is assuming that the mixture of signals im-
pinging the array from different source locations isin-
stantaneous. This is not the case because the signals ar-
rive at microphones at different time delays and rever-
brated. Therefore the mixture of signals isconvolutive.
That is, terms in matrices of Eqs. (1) and (2) are non-
scalar transfer functions ofz.
There are infinitely many ways to form generating signals
and reconstruction filters. In the following sub-sections
we present and compare some broad alternatives. In the
source separationapproach the goal is to deconvolve and
separate the original source signals from the mixture while
in wavefield parametrizationthe coding process tries to
parametrize the representation of the wavefield at the level
of the microphone array.

1.2. Source separation approach

Let us assume a fixed number ofP statistically indepen-
dent wideband sound sources. Each microphone signal is
produced as a sum of convolutions between sources and
microphones in the transmitting room. In the z-domain,
we use the following matrix representation

X1(z)
X2(z)

...
XM (z)

=

H11(z) · · · H1P (z)
H21(z) · · · H2P (z)

...
...

...
HM1(z) · · · HMP (z)

S1(z)
S2(z)

...
SP (z)

, (5)

or
X = HS, (6)

whereS are z-transforms ofP point source signals, and
H represent a matrix of z-transfer functions betweenP
sources andM microphones. In the following we also
replace matrix expressions in Eqs. (1) and (2) with sym-
bolsΓ, J, Y, andG. Substitution to Eq. (1) thus yields,

Γ = JHS. (7)

Since the source signalsS are assumed to be statistically
independent processes, it is clear that the minimum num-
ber of generating signalsΓ will be the same as the num-
ber of sourcesP . Accordingly,JH is a square matrix.
The most obvious choice, an identity matrix, leads to a
coder based on source separation, see, e.g., [8] for recent
review. Statistical independency of sources is a sufficient
condition for source separation [9]. In typical speech ap-
plications this assumption can often be made. However,
in some applications, such as performance of a musical

ensemble, sources are often correlated and therefore can-
not be considered as statistically independent sources.
In equations (6),J would be the inverse ofH and there-
fore it would perform source separation. A practical ef-
ficient parametrization ofG might contain a list of source
locations and parametrization of room reverberation. This
approach for multichannel coding has been recently pro-
posed in [10]. As shown above, the number of channels
in this scheme is independent of the numbers of micro-
phones and loudspeakers. However, (7) suggests that the
bitrate would be a function of the number of sources. The
first problem a coder should be able to resolve is to deter-
mine the number of sources. The number of independent
signals can be estimated from microphone signals based
on an analysis of the eigenvalues of the correlation matrix
[11], or using some information theoretic criteria [12].
Spatial separation of sources from an output of a sensor
array is typically calledbeamforming[13, 14]. In the sim-
plest form a spatial beam can be formed by delaying and
summing samples from different microphones. A Gen-
eralized Sidelobe Canceller, GSC [15], is a beamformer
which uses a power spectral estimate of the source signal
to make beam frequency-selective. This method basically
performs segmentation simultaneously in spatial and fre-
quency domains.
Source separation is a segmentation task. Segmentation
of a monophonic signal can be done in the frequency do-
main, time domain, or in a combined time-frequency rep-
resentation. A multichannel signal introduces up to three
additionalspatialdimensions to the scene. The increase
in the dimensionality exposes the segmentation task to
the classicalcurse of dimensionality[16]. That is, com-
putational complexity of segmentation increases, more
data is needed for successful segmentation, and sensitiv-
ity to noise increases. An additional problem is that es-
timation problems in these dimensions are not indepen-
dent. For example, errors in time-domain segmentation
(adaptation) usually makes spatial and frequency domain
segmentation inaccurate. The most obvious consequence
from the curse of dimensionality in a coding application
is the need for increased algorithmic delay.
The task of a coder in the proposed system is to make it
possible for a listener to perform source localization and
separation, given that it is possible in a hard-wired refer-
ence system. A human listener is not capable of accurate
source localization and separation in reverberant rooms
with multiple sources [17, 18]. A large number of statis-
tically independent sources do not necessarily appear for
a listener as independent and separable sources.

1.3. Wave field parametrization

The reconstruction filters, that is,G, can be interpreted as
a representation of the measured wavefield at the level of
the microphone array. In practice generating filters could
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be estimated from microphone signals, e.g., by Wiener
filtering [19]. This approach is relatively close to the clas-
sical ideas of linear predictive coding (LPC), see, e.g.,
[20]. The theory of multichannel linear prediction, or au-
toregressive modeling for vector-valued signals, is well
established in the field of multivariate statistics, see, e.g.,
[21]. The encoding equation of (1) can be given an inter-
pretation that the generating signals areprediction error
signals. In a coder, the prediction error signals would be
transmitted with the array of generating filters. The de-
coder would reconstruct all signals using asynthesis filter
matrix which is an inverse of the encoding matrix. This
model is not studied further in the current article. It seem
to give rise to a number of difficult problems. For ex-
ample, the filter matrix is near-singular which means that
stability of synthesis filter matrix is difficult to achieve
and bit-demand for filter coefficients (to maintain stabil-
ity) would be large. Finally, it could be difficult to achieve
the transducer invariance and it might also be difficult to
incorporate a perceptual model to the coding of the pre-
diction error signals.
Predictive coding of multichannel signals can be formu-
lated in many different ways. A feasible modification for
stereophonic signals was proposed by Fuchs [22]. His
encoder can be expressed by

Γ1(z)
Γerror(z) =

1 0
1 −J12(z)

X1(z)
X2(z) . (8)

Here, the other channelX1(z) is coded and transmitted
unprocessed and the other signal is synthesized from that
using a time-varying prediction filterJ12(z) and a predic-
tion error signalΓerror(z). This approach is closer to the
moving average(MA) modeling [23] than autoregressive
LPC methods. The same principle can be directly ex-
tended to multiple signals [24]. In a recent article it was
proposed what this might not be an efficient approach for
general 5.1-channel audio material [25]. However, in au-
dio signals produced in an acoustic opening this type of
processing could be of advantage.
Moreover, since the correlation in adjacent microphone
signals in this application is so high one could consider
eliminating prediction error signals completely. All the
microphone signals in a slit are projections of the same
acoustic wave field, that is, any microphone signal is a
linear convolutive mixture of all source signals. Hence, it
is also possible to formulate encoding and decoding equa-
tions (1) and (2) in such a way that only one generating
signal is used, and all other signals are synthesized from
that. The principle of synthesizing multiple audio chan-
nels from a single monophonic signal has been presented
earlier, for example, in [5, 26, 27]. Recently, a novel
modification of this principle was introduced in [28].
We may choose one of the microphone signals to be the

generating signal, that is,

Γd(z) =
M∑

m=1

I(m)Xm(z) (9)

where selection is done using anindicator functionI(·)
which gives one if some associated selection criteria is
satisfied and gives otherwise zero.
We may write Eq. (6) for this signal in the following
form:

Γd = Xd = HdS, (10)

whereHd is the corresponding row of Eq. (5). One could
solveS from Eq. (10) to get

S = H+
d Γd. (11)

whereH+
d is a pseudoinverse ofHd.

If we substitute (11) to (5), we get

X = HH+
d Γd. (12)

With the substitution in Eq. (12) the source signalsS
were eliminated from the framework, albeit,HH+

d is ac-
tually related to transfer functions between sources and
microphones. A more practical interpretation is thatHHd

+

is composed of correlation functions between microphone
signals.

2. EXAMPLES

The representation of wavefield informationG̃n(s, z) and
signals informationΓn(z) should be based on a priori in-
formation on the geometry of the system and acoustical
properties of the wavefield. In the following we intro-
duce a simple prototype of a wavefield coder and propose
design principles for a more advanced coding algorithm.

2.1. A coder for a single source in a free field

Assuming a single omnidirectional source in ideal free
field conditions and an uniform line array of transducers
is probably perceptually the most important special case.
There is only one generating signalΓ1(z) which we as-
sume to be one of the microphone signals recorded at po-
sition s0. In addition, we assume thats0 corresponds to
the horizontal position of the source. That is, all other mi-
crophone signals are delayed in respect to the generating
signal. This selection is convenient because it guaran-
tees the causality of reconstruction filters and also helps
in improving the signal-to-noise ratio. Geometrical anal-
ysis suggests that the reconstruction filters now take the
following form:

G̃(s, z) =
y√

y2 + (s− s0)2
z−(y−

√
y2+(s−s0)2)/c,

(13)
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Figure 3: A synthesized eight-channel microphone signal
is shown in the top panel. It represents a sound source
which moves within one second from the left side of the
array to the right hand side and back. The second panel
shows the generating monophonic signal which is trans-
mitted to the receiver with time varying wavefield param-
eterss0 andy, whose trajectories are plotted in the third
panel. The bottom panel shows eight decoded signals.

wherey is the distance of the source from the array and
c is the speed of sound in air. The information rate is
thus reduced to one generating signal and scalarwavefield
parameterss0 andy.
Correspondingly, encoding process would involve esti-
mation of a source location, see, e.g., [29], and selection
of a generating signal from a microphone which is clos-
est to the source location. The generating signal could be
coded using any monophonic audio coder.
The performance of a simple coder based on this idea is
illustrated in Fig. 3. The localization is based on esti-
mation of time-delay of arrival (TDOA) using the PHAT
algorithm [30, 29]. The generating signal is transmitted
uncoded.
The top panel shows eight signals from a linear micro-
phone array corresponding to a stationary sound source
moving very rapidly from left to right and back. The
second panel shows how the generating signalΓ1(n) is
sampled from the microphone signals. This is coded us-
ing a monophonic audio coder. The third panel shows the
trajectories of wavefield parameters. An eight-channel
reconstruction is shown in the bottom panel of the figure.
The coding algorithm is transducer invariant and the en-
coder/decoder system runs in real-time for up to 32 chan-
nels in an ordinary PC.
This coder works relatively well in the case ofwell-behaving
sources, e.g., speakers who do not interrupt each other
or move very fast, in a low reverberation environment.
But, it fails in more complex conditions. A comparison

of the top and bottom panels reveals that the coder pro-
duces some artifacts in this case of very rapidly moving
source (4 m/s back and forth). Similar problems also ap-
pear at onset of a new sound source.
In the case of a reverberant transmitting room the per-
formance is even worse. The estimation of a source lo-
cation suffers from reverberation but that is not a very
serious limitation since the performance of a human lis-
tener in the same task degrades, too. The reverberation
in the room is convolved with the generating signal but
the reconstruction filters of (13) render it to the same lo-
cation with the source signal. Therefore, the perceived
room effect ofapparent source width, see, e.g., [31], do
not correspond to the amount of reverberation in the sig-
nal. The reconstruted wavefield sounds more like that of
a reverberant source in a free field than a source in a re-
verberant field.

2.2. Subband coding

Any of the techniques studied in the previous sections
can be applied separately at different frequency bands.
This type of processing is beneficial in many ways. At
the time of writing this paper, the design of coding algo-
rithms based on this principle is on-going work. There-
fore only some central ideas are presented in this article.
Input signalsxm(n) are processed in frames so that each
signal is decomposed intoB frequency bands to form a
spectrum vector given by

[ξm1(k) ξm2(k) ξm3(k) · · · ξmB(k)], (14)

wherek is the number of a signal frame. Typically spec-
trum vector is computed using FFT or MDCT. Transform
bins are then grouped so that the frequency representa-
tion approximates the frequency scale of hearing. That
is, ξmb(k) terms usually has more than one frequency bin
and therefore it is actually a vector. However, this is omit-
ted in the notation.
In the simplest case, each subbandb is processed sepa-
rately. We may form another vector which now has the
same spectrum terms fromM input signal vectors:

[ξ1b(k) ξ2b(k) ξ3b(k) · · · ξMb(k)] (15)

From this point the encoding for a subbandb can proceed
using any of the techniques presented earlier. For exam-
ple, we may applysingle source in a free field(SSFF)
coding principle at each subband. This would assume that
there is a single source at each subband, hence the sys-
tem could basically accomodate up toB non-overlapping
narrow-band sources. The estimation of wave field pa-
rameters (such ass0 andy in (13)) would be less accurate
and require a longer processing frame for subband signals
than for full band signals. This could be partly solved by
applying an iterative procedure where initial estimation at
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subbands is followed by a refining step where subbands
with similar estimation results are combined. Eventually,
this would lead to grouping of subbands according to sep-
arable active sources.

3. CONCLUSIONS

Acoustic opening is a system first proposed almost 70
years ago. The main idea is simply to place a large num-
ber, for example, forty microphones on one surface to
record a wavefield in a transmitting room and use a large
number of loudspeakers to reproduce the wavefield in a
receiving room. Ideally, this would produce a subjec-
tively perfect imitation for the case that there is only a
mechanical opening between the two rooms. This has
been cited in many tutorial articles in the last several decades
as a superior approach for audio transmission. But at the
same time, it has been said to be highly impractical due
to the large number of audio channels. Progress in micro-
phone technology, AD/DA converters, signal processors,
amplifiers, and loudspeaker technology suggests that the
hardware problem can now be solved using almost stan-
dard audio hardware. The remaining problem is at the
level of digital representation and coding of multichannel
audio data.
A general formulation and theory of the coding problem
was presented and it was shown how many traditional
methods of multichannel audio coding fit into the frame-
work. A central coding principle applied in this article
was that the bitrate of a coder should be independent of
the numbers of microphones and loudspeakers. This is
called transducer invariance. Many different modifica-
tions and new approaches were introduced and compared.
There are basically two extremes in the set of techniques.
First, one may try to estimate the locations of sources
and deconvolve the original signals they emit. This is
called source separation approach. Secondly, one may
try to restrict the problem to the level of the transducer
array and try to parametrize the wavefield information in-
dependently of the locations of sources and acoustics of
the transmission room. This is called wavefield coding.
The first extremist plan falls into parts because of the dif-
ficulty of the separation problem, and its built-in assump-
tion of the statistical independency of source signals. The
second extreme approach would lead to a highly ineffi-
cient coding algorithm because it is not utilizing the ob-
vious fact that there are separable sources in the signals.
Therefore, it was proposed that an optimal multichan-
nel coder would be based on a combination of both ap-
proaches, and efficient utilization of geometrical, acous-
tical, and psychoacoustical knowledge relevant to this ap-
plication.
A simple coder designed for a special case of a single
source in a free field (SSFF) was developed to the level
of a prototype. It is reasonable to claim that SSFF is per-

ceptually the most important special case to which the
spatial hearing mechanism has adapted to in the course
of evolution. The coder is based on a location tracking
algorithm. The transmitted bit stream consists of a sin-
gle monophonic audio signal and two time-varying pa-
rameters corresponding to an estimate of a source loca-
tion. This technique works relatively well in the case
of well-behavingsources, for example, in a conference
where people do not interrupt each other. However, the
performance with multiple simultaneous sources is un-
satisfactory. The coder also produces audible artifacts at
onsets of a new sound source. The coder has very low
complexity and low delay.
The most promising approaches seem to be in the class of
methods where different types of spatial processing tech-
niques are applied at spectrally separated subbands. This
approach has many benefits. First, it makes it relatively
easy to apply spatial perceptual models to the coder. It
also helps to resolve non-uniqueness problems which of-
ten emerge in different formulations of multichannel cod-
ing algorithms. The main disadvantage is that it tends to
increase algorithmic coding delay.
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