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Transaural stereo is a signal-theoretic means for accurately generating precisely defined
signals at the ears of a listener by using loudspeakers. As such, it is the basis for
true loudspeaker-based three-dimensional sound and the benchmark against which all
approximations are to be measured. The present work extends the prior art by applying
standard methods of vector spaces so that the limitation on the number of loudspeakers
and the number of listeners’ ears at two each is removed. The implications of a certain
set of solutions of the generalized transaural equations on loudspeaker and amplifier
power requirements are examined and found to minimize the total power requirements.
Generalized crosstalk cancelers, which in principle can accommodate any number of
loudspeakers and any number of listeners, are introduced and several novel examples are
worked out. The compact Lauridsen array, the only true stereo loudspeaker and the
loudspeaker analog of the M—S microphone, is updated to transaural status. It offers
intriguing applications, as do some variations on the original array. Basic transaural
theory and analytical techniques, which are developed throughout, are then applied to
the problem of layout reformatters in which the playback geometry of loudspeakers and/
or listeners is different from that which was intended by the producer of the program
material, but whereby it is desired to maintain fully accurate imaging in the new geometry.
Another application that is addressed is the problem of having more discrete program
channels than are available for transmission or storage. It is shown how to reconstruct
the program exactly for a limited number of listeners. Despite the detail offered, the
paper is highly conceptual in spirit. The authors share informally their experiences with
designing and listening to various transaural systems and offer comments and guidance
in areas in which future designers might encounter difficulty. Practical applications in
several areas are suggested, including sound for high-definition television and digital
video disk.

0 INTRODUCTION

Transaural stereo places precisely controlled acoustic
signals at listeners’ ears using loudspeakers. The means
for effectively eliminating undesired signals which prop-
agate from loudspeakers to the listeners’ ears lies at the
core of this stereophonic technology. In two-loudspeaker
transaural stereophony, these paths are from left loud-
speaker to right ear and from right loudspeaker to left

* Manuscript received 1994 April 28; revised 1994 July 1.
Parts of this paper are based on “Generalized Transaural
Stereo,” presented at the 93rd Convention of the Audio Engi-
neering Society, San Francisco, CA, 1992 October 1-4. Parts
of this work are the subjects of issued and pending patents.
Transaural is a trademark of Cooper Bauck Corporation.
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ear if the original recording is binaural (also in certain
other cases, which will be discussed later). Such a means
is commonly called crosstalk cancellation or crosstalk
elimination.

The advantages of transaural stereo over more conven-
tional stereo practice include accurate rendering of im-
ages and of spaciousness from live program material,
the very characteristics which tend to be suppressed with
other methods. Primary sources of sound may be heard
anywhere around the listener if they were present during
the performance. The accurate placement of secondary,
or reflected, sounds is tantamount to proper spatial ren-
dering, that is, spaciousness. Binaural image synthesis
(binaural simulation) can be accomplished when making
multitrack recordings and, when combined with cross-
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talk cancellation (and accurate room simulations as they
become available), can make for recordings approaching
natural transaural recordings in realism.

For recent publications about transaural stereo, see
[1]-[8]. In [1] we extended the work of Schroeder and
Atal [9]-[13] by simplifying the signal processing sub-
stantially, making it more economical and making ana-
log circuit implementation possible. The corresponding
digital implementations are also more economical. Other
practical aspects were considered, such as increasing
robustness with respect to listener placement, reducing
artifacts caused by idiosyncracies in head-related trans-
fer functions (HRTFs), and providing for proper equal-
ization. (Most of these advances were also applied to
headphone-style playback.) Related signal processing
methods were also explored and simplified. Also de-
scribed was the technology of virtual loudspeakers, the
ability to simulate several loudspeakers accurately using
only two real loudspeakers. This was shown to be useful
for electronically spreading the closely spaced loud-
speakers of monitor- or cabinet-mounted television and
multimedia loudspeakers and for simulating the multiple
loudspeakers necessary for such multichannel stereo
plans as Dolby Stereo,! Ambisonics, and discrete multi-
channel stereo such as AC-3,! now called Dolby Digi-
tal.! Related technology that we reported there includes
economical binaural image synthesis (binaural simula-
tion) and converting transaural signals to ear signals
for headphone monitoring or listening. The so-called
shuffler form of the filters that are required for several
of the applications was found to be the most economical
possible, making the time ripe for implementation in digital
audio workstations, multimedia personal computers, and
consumer audio products, and for addressing a host of
applications from professional audio and auralization [14]
to aerospace, amusement parks, and theaters.

The economy of the algorithms that we reported in [1],
along with the accurate implementation of the required
filters in infinite impulse response (IIR) form, rather
than the more common and much easier to design finite
impulse response (FIR) filters, has allowed us to pro-
gram a single Motorola 56001 digital signal processor
installed in an Apple Macintosh computer for demonstra-
tion, production, and research purposes. In most cases,
with a 44.1-kHz sample rate and a 27-MHz processor
clock, the 56001 is underutilized, requiring only one-
quarter to one-half of the available time for processing
while still approximating the required transfer functions
to within a fraction of a decibel.

In our experience, listeners to well-planned transaural
stereo are uniformly impressed both by recorded per-
formances and by demonstrations of such things as 360°
panning, television loudspeaker spreading, virtual loud-
speakers for home theater and multimedia computers,
and transaural room simulations (transaural auraliza-
tions). This favorable response, based on numerous
demonstrations, has encouraged us to continue our in-
vestigations in this area. We are happy to report prog-

! Trademark of Dolby Laboratories, Inc.
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ress, which we think represents a significant advance
over prior theory and practice of transaural stereo.

Here we report primarily on three areas: the general-
ization of crosstalk cancellation to any number of loud-
speakers and any number of ears, the use of combined
monopole and dipole loudspeakers, and applications of
transaural theory to what we call layout reformatters and
channel reformatters. First we formulate the transaural
stereo problem in a unified way which is amenable to
solution by standard algebraic methods. Vector space
concepts are invoked which make it clear how to obtain
mathematically optimum methods based on the theory of
projections. We examine minimum-norm least-squares
solutions and show them to be favorable with respect
to the power-handling requirements of the associated
loudspeakers. We also look at other solutions to the
transaural equations with an eye toward practical filter
implementations and sensible audio practice. We present
several novel applications in multiloudspeaker home en-
tertainment systems, distribution of high-definition tele-
vision and digital video disk audio signals in the home,
custom installations, theaters, and automobiles. Several
specific examples are worked out to show how transaural
systems can be designed. Details of several monopole—
dipole loudspeaker arrays are described briefly. Refor-
matters are described which allow signals that were in-
tended for playback over a particular loudspeaker—lis-
tener layout to be modified for proper playback over
another layout, or to be transmitted over a reduced num-
ber of channels while preserving essential spatial infor-
mation. Finally, some comments are made on aspects
of transaural filter design.

1 GENERALIZED THEORY

1.1 Problem Formulation

The algebraic structure of transaural stereo will be
developed with the aid of Fig. 1. (Despite appearances,
Fig. 1 does not imply any constraints on geometry.) In .
that figure, N program signals p;, p,, . . . , py are to be
used to create M loudspeaker signals s, S5, . . . , Sy
which in turn result in L ear signals e;, e,, . . . , ;. Let
these three sets of signals be represented by the vectors

p=Ipp p» ... PN]T (1)
s=1[s; s, ... sul" 2)
e=1[e, e ... ¢l 3)

where T denotes matrix transposition. Unless otherwise
noted, all signals will be assumed to be represented
in the frequency domain, with the corresponding time
signals being either continuous or sampled, whichever is
appropriate— we shall not be specific here. Next define
three matrices of transfer functions. First let X be an L
X M matrix, the acoustic matrix, such that element X;
is the transfer function to the ith ear from the jth speaker.
Similarly, let ¥ be an M X N matrix, the crosstalk
canceler matrix, for which Y;; is the transfer function of
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the crosstalk canceler from the jth input to the ith output
of the network, and let Z be the L X N matrix of desired
transfer functions describing the overall transfer of sig-
nals from the inputs of the crosstalk canceler to the ears,
that is, Z;; is the transfer function to the ith ear from the
Jjth crosstalk canceler input. With this notation in place,
the acoustic propagation can be written as the matrix
equation

e=Xs, 4)
the action of the crosstalk canceler can be written

s=1Yp, (%)
and the desired transfer of signals is

e=12p. 6)
From these, a solution is found by solving

XY=2 (N

for Y. The nature of Eq. (7) will be explored in more
detail shortly, but first we need to introduce some vector-
space concepts. Comments on the effects of room re-
sponse on X and Y and possible ways to compensate for
those effects are deferred until Section 7.

1.2 Vector Space Framework

In this section we will introduce only enough vector-
space concepts to establish notation and to clearly define
certain quantities. The reader should understand that
there is more power and generality in the methods than
we show explicitly. Some excellent references to linear
algebra, vector-space analysis, and optimization are
[15]-[18].

We deal generally with the linear system of equations

Ax=b (8)
where A is an m X n matrix with complex entries, x is

an n X 1 complex-valued vector, and b is an m X 1
complex-valued vector, that is, A € C"**, x € C", and

Crosstalk Canceler >Y
L] . L ] s < > z
> X

O, O oOye s
1 2 3 4 L—1 L

Fig. 1. Signal and transfer function definitions for transaural
stereo. Layout shown is strictly schematic and does not repre-
sent any actual geometry.
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b € C™. An appropriate inner product is defined by
(x,3) = y'x )

where H indicates the conjugate transpose (Hermitian)
operation. The induced natural norm, the Euclidean
norm, is

]| = Gx, x)2. (10)

If b is not in the range space of A, then no solution
to Eq. (8) exists, and we seek an approximate solution.
However, there might be many solutions to Eq. (8), in
which case we are interested in the one with the mini-
mum norm. Define a residual vector

rix) =Ax—»b.

Then x is a solution to Ax = b if and only if r(x) = 0.
In some cases an exact solution does not exist and we
seek a vector x that minimizes ||r(x)||; this is referred
to as the least-squares solution. However, there might
be many vectors that result in the same minimum value
of ||r(x)[|, be it zero or otherwise. In those cases we
again seek the unique x which is of minimum norm, that
is, we also minimize ||x||. The x that minimizes both
of the norms is called the minimum-norm, least-squares
solution, or sometimes the minimum least-squares
solution.

All of these contingencies are accommodated by the
pseudoinverse, or Moore—Penrose inverse, denoted by
A*. With this, the minimum-norm, least-squares solu-
tion is written simply as

X=A%h.

When a unique, exact solution is available, the pseudoin-
verse is the same as the usual inverse. It remains to be
shown how the pseudoinverse can be calculated.

Suppose A is an m X n matrix and rank(4) = m.
Then the pseudoinverse is

At = AR(AAM) . (11)

Note that if rank(A) = m, then the square matrix AAH
is m X m and invertible. If m < n, then there are fewer
equations than unknowns, in which case we refer to
Ax = b as an underdetermined system, and at least one
solution exists for all vectors b; the pseudoinverse gives
the one of least norm.

Suppose again that A is an m X n matrix, but now
rank(A) = n. In this case the pseudoinverse is given by

At = (AHA)"1AH . (12)

Since rank(4) = n, AMA is n X n and invertible. If
m > n, the system is overdetermined and an exact solu-
tion does not exist. In this case A*b minimizes ||r(x)||,
and among all vectors that do so (if there are more than
one), it is the one of minimum norm.

If rank(A) < min(m, n), then the calculation of the
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pseudoinverse is substantially complicated since neither
of the matrix inverses mentioned exists. There are sev-
eral routes that one could take. One is the singular value
decomposition (SVD), which is an extraordinarily useful
tool, both as a numerical tool as well as a conceptual
aid. We shall describe it only briefly, as it is discussed
in many books on linear algebra, including [15] and
[16]. Any m X n matrix A can be factored into the
product of three matrices,

A=U3VH

where U and V are unitary matrices and 3 is diagonal,
with some of the entries on the diagonal being zero if
A is rank deficient. The columns of U, which is m X
m, are the eigenvectors of AA™. Similarly, the columns
of V, which is n X n, are the eigenvectors of AFA. If
A has rank r, then r of the diagonal entries of %, which
is m X n, are nonzero, and they are called the singular
values of A. They are the square roots of the nonzero
eigenvalues of both AYA and AAF. Define 3* as the
matrix derived from 2, by replacing all of its nonzero
entries bv their recinrocals and leaving the other entries

PAPERS

As mentioned, solutions other than ¥ = X*Z will be
admitted, especially when there is a good reason based
on audio engineering practice.

Egs. (14) show an interesting property of the pseudo-
inverse with respect to the crosstalk canceler filters Y.
Solving Xy, = z;,j = 1,2, ..., N, withy;, = X*z;
minimizes the norm of y;. But if ||y;|| is minimized for
j=1,2,...,N,then sois ||y;||* and so is

N
> ;|2
j=1
since ||y;||* = 0 for all j. Observe that
M
||yj||2 = 21 |yij|2

where y;; is the ith element of y;, to conclude that

i=1j=

N M N
21 lly; | = 21 21 |y, -
i=




























































