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The results are presented of a series of experiments designed to evaluate the subjective
effectiveness of a digital signal processing system for the production of virtual acoustic
sources. The signal processing system, described in an earlier paper, ensures that the
acoustic signals produced in the region of a listener’s ears by a pair of loudspeakers are
substantiaily equivalent to the signals that would be produced by a virtnal source at a
prespecified angular location. In this work, attention is restricted to the horizontal plane
containing the listener’s ears, the pair of loudspeakers, and the intended location of the
virtual source. The signal processing system is designed to be able to produce the desired
signals at the listener’s ears irrespective of the acoustical environment in which the sound
is reproduced. The approach used automatically incorporates the design of inverse filters
which compensate for the reverberation in a given acoustical environment. Experiments
are therefore undertaken not only in anechoic conditions, but also in a listening room
and in the interior of an automobile. The system is shown to be remarkably effective in
producing accurately Iocalized images over a wide range of angles to the front of a large
population of experimental subjects. The system is not so effective in producing images
to the sides of listeners and is not effective in producing images to the rear, these images
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usually being perceived at “mirror” angular locations to the front of listeners.

0 INTRODUCTION

The creation of the illusion in a listener that a sound
source is located in a given spatial position has long been
a goal of acoustical engineers. It has been appreciated for
many years [1] that relatively simple signal processing
schemes can be used to operate on signals fed to a pair
of loudspeakers in order to produce the illusion in a
listener that the sound originates from a phantom or

virtual source placed somewhere between the loudspeak- -

ers. Such techniques form the basis of conventional
stereophony, the psychoacoustical basis for which has
been thoroughly reviewed by Blauert [2] under the cat-
egory of “summing localization.” Simply providing a
difference in level {or time delay) between the two sig-
nals input to a pair of loudspeakers placed appropriately
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with respect to the listener enables the image of the
virtual source to be shifted in position between the two
loudspeakers. A more sophisticated signal processing
scheme is that generally attributed to Atal and Schroeder
[3] (although a similar procedure had previously been
investigated by Bauer [4] within the context of the repro-
duction of dummy-head recordings). Atal and Schroeder
devised a localization network, which processed the sig-
nal to be associated with the virtual source prior to being
input to the pair of loudspeakers. The principle of the
technique was to process the virtual source signal via a
pair of filters which were designed in order to ensure
that the signals produced at the ears of a listener were
substantially equivalent to those produced by a source
chosen to be in the desired location of the virtual source.
The filter design procedure adopted by Atal and
Schroeder assumed that the signals produced at the lis-
tener’s ears by the virtual source were simply related
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by a frequency-independent gain and time delay. This
frequency-independent difference between the signals at
the ears of the listener was assumed to be dependent on
the spatial position of the virtual source. These assump-
tions resulted in the analytically tractable design of a
localization network whose parameters could be varied
in order to provide apparently different locations of the
virtual source. Although a comprehensive subjective
evaluation of this technique does not appear to have been
undertaken by the inventors, the method was reported
[3] to be effective in producing the illusion in the listener
of virtual sources located in the horizontal plane at
angles of azimuth of up to *60° (that is, outside the
range of angular locations of *£30° typically achieved
with intensity stereo [2]). However, the inventors also
reported that beyond +60° “localization is less well de-
fined since it is more strongly dependent on frequency.”

Schroeder et al. [5] later applied the essence of this
method to the loudspeaker reproduction of dummy-head
recordings. In this case, the signals recorded at the ears
of a dummy head were processed via a filter network,
which ensured that substantially the same signals were
reproduced at the ears of a listener by a pair of loud-
speakers. This network ensured the cancellation of the
“crosstalk” between the right loudspeaker and the left
ear, and vice versa. Again, no thorough subjective ex-
periments were presented, but it was reported that “vir-
tual sound sources can be created far off to the sides
and even behind the listener.”

The results of subjective experiments on the same type
of system (that is, dummy-head recordings reproduced
via a pair of loudspeakers after processing via a crosstaik
cancellation network) were, however, reported by Da-
maske and Mellert [6], who dubbed the technique
TRADIS (true reproduction of all directional informa-
tion by stereophony). The results of localization experi-
ments in both the horizontal and the median planes
clearly demonstrate the effectiveness of the technique,
More recently the essence of this approach has been
used by Hamada et al. [7], who implement the crosstalk
cancellation network digitally and refer to it as the ortho-
stereophonic system (0SS). Again, the results of subjec-
tive experiments are presented, which show remarkable
accuracy in the localization of virtual sources generated
by first recording the signals produced at the ears of a
dummy head and subsequently processing them via a
2 X 2 matrix of digital filters prior to transmission via
a pair of loudspeakers. Further subjective experiments
have aiso been presented recently by Neu ot al. [8] and
Urbach et al. [9], who again use a digital implementation
of a crosstalk cancellation system to process the signals
recorded at the ears of a dummy head. Again, good
results are shown to be achievable, especially for virtual
source positions in the horizontal plane. This general
approach to the production of virtual acoustic sources
has also been discussed by Cooper and Bauck [10], who
refer to the technique as *transaural stereo” and who also
discuss its generalization to reproduction for multiple
listeners [11]). Work on transaural stereo has also been
presented by Mgller [12] and by Kotorynski [13].
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The filter design procedures used by all these authors
generally involves the deduction of the matrix of filters
comprising the crosstalk cancellation network from
either measurements or analytical descriptions of the
four head-related transfer functions (HRTFs) relating the
input signals to the loudspeakers to the signals produced
at the listener’s ears under anechoic conditions. The
crosstalk cancellation matrix is the inverse of the matrix
of four HRTFs. As recognized by Atal and Schroeder
[3], this inversion runs the risk of producing an unrealiz-
able crosstalk cancellation matrix if the components of
the HRTF matrix are nonminimum phase. The presence
of nonminimum-phase components in the HRTFs (due
to reflections from room surfaces, for example [14])
can be dealt with by using the filter design procedure
presented by Nelson et al. [15]—[17], which is described
in more detail in an earlier paper [18] also appearing in
this issue. In that work the sound reproduction problem
is formulated in a very general way (accounting for a
multiplicity of recorded signals and reproduced signals)
and uses a least-squares approach to the design of the
inverse filter matrix. A number of possibilities are sug-
gested for making use of such signal processing tech-
niques. In particular the compensation for poorly posi-
tioned loudspeakers in conventional stereophonic
reproduction is shown to be a possible application, to-
gether ‘with further extensions to the case of multiple
listeners. The realization of these possibilities depends
on the specification of the “desired” signals that are to be
reproduced at the ears of a listener, and in [18] it was
shown that a convenient way to specify the desired signals
is to assume that they emanate from a virtual source in a
prespecified position. In the case of a “loudspeaker position
compensation” system, therefore, the locations of two vir-
tual sources are specified, and the signal processing system
has been shown in principle to be able to reproduce the
desired signals accurately. Before evaluating the subjective
performance of such systems, however, it makes sense to
evalute first the effectiveness of the techniques in reprodu-
cing the desired signals from a single virtual source. In
this work, therefore, we consider only the production of
single virtual source images.

In the work described here we present the results of
subjective experiments on a virtual source imaging sys-
tem that is capable of producing the illusion in a listener
of virtual sources located in the horizontal plane, but
which has been found to operate effectively in a variety
of acoustical environments. In this work we revert to
the original intention of Atal and Schroeder, that 18, we
devise a signal processing scheme that is capable of
operating on a single signal to be associated with a vir-
tual source and we do not make explicit use of dummy-
head recordings. However, we do make implicit use of
@ dummy head and use a set of measurements of the
transfer functions between a loudspeaker input and the
outputs of the ears of a dummy head. This database of
dummy-head HRTFs is used to filter the virtual source
signal in order to produce the signals that would be
produced at the ears of the dummy head by a virtual
source in a prescribed spatial position. These two signals
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are then passed through a matrix of crosstalk cancella-
tion filters, which ensure the reproduction of these two
signals at the ears of the same dummy head placed in
the environment in which imaging is sought. Full details
of the signal processing techniques used to produce the
desired effect are given in [18] and also in the Ph.D.
dissertation presented by Ordufia-Bustamante [19]. Fur-
ther details of the subjective experiments are also given
in the M.Sc. dissertation presented by Engler [20].
These techniques are also described in a patent applica-
tion [21] and subsequently were first published in [22].
The results of experiments are presented here for lis-
teners in an anechoic room, in a listening rocom (built
to JEC specifications), and inside an automobile. It is
concluded that the generality of the signal processing
technique used has considerable promise for future ap-
plications in the production of virtual acoustic images.

1 PRINCIPLE OF OPERATION OF THE SYSTEM

Fig. 1 illustrates the principle of operation of the sys-
tem used. The problem that we wish to solve is illus-
trated in block diagram form in Fig. 1(a), which is a
special case of the general block diagram illustrated in
[18, Fig. 1]. In this case, however, the desired signals
dy(n) and dy(n), which are the elements of the vector
d(n), are the signals produced at the ears of a listener
by the virtual source whose input signal is x(n). We
can therefore represent the generation of these desired
signals by passing the signal x(n) through the pair of
transfer functions A,(z, 6) and A,(z, 8), which specify
the HRTFs of the listener. These transfer functions com-
prise the vector a(z, 8) given by [A;(z, 8), Aq(z, "1T.
In the experiments described here these transfer func-
tions are evaluated by compiling a database of dummy-
head HRTFs under anechoic conditions. This involves
the measurement of the impulse response functions relat-
ing the input sequence x(n) to the sequences d;(n) and
d,(n). We wish to deiermine the vector of filters
h(z, 8) given by [H,(z, 0), H,(z, 8)]", which ensures the
minimization of the sum of squared errors between the
two desired signals at the listener’s ears and the two
reproduced signals at the listener’s ears. The error sig-
nals ¢,(n) and e,(n) are thus specified by e;(n) =
di(n) — z,(n) and e)(n) = dy(n) — z,(m), where the
signals z,(n) and z,(n) are the elements of the vector z(n)
of reproduced signals. These are in turn related to the
signals y,(n) and y,(n) input to a pair of loudspeakers
by the matrix C(z) of electroacoustic transfer functions.
Note that these transfer functions contain the effects of
both the HRTF of the listener and the environment in
which the listener is placed. Again, in the experiments
described, the elements of the matrix C(z) are deduced
by measurement of the impulse responses relating the
loudspeaker inputs to the outputs of the ears of a dummy
head placed in the environment in which imaging is
sought (and therefore contain, for example, the effect
of room reflections).

A very convenient technique for deducing the vector
of filters A(z, 8) is to evaluate first the matrix of crosstalk
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cancellation filters H,(z) depicted in Fig. 1(b). This ma-
trix of filters is designed to ensure that, when spectrally
broad training signals x,(n) are applied to the inputs of
the loudspeakers, then the sum of the squared error sig-
nals comprising the vector e (n) is minimized [see Fig.
1(b)]. As described earlier [18], a modeling delay of A
samples is incorporated in order to ensure that the cross-
talk cancellation matrix H,(z) can be realized. Thus
again referring to Fig. 1(b), the crosstalk cancellation
matrix for a given environment is designed to ensure
that, to a good approximation,

CH (z)=z"% (D

where I is the identity matrix. Multiplying both sides of
this equation by the vector a(z, 6) x(z) then shows that

C()H (Da(z, 0)x(z) =z~ % a(z, 0)x(2) (2)
which can be written simply as

2(z) ~z7%d(z) . 3
Thus the reproduced signals are, to a good approxima-
tion, simply delayed versions of the desired signals.

This is depicted in block diagram form in Fig. 1(c). It
therefore becomes apparent that the vector of filters
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Fig. 1. Signal processing scheme used for synthesis of virtual
acoustic sources. (a) Block diagram. (b) Design of crosstalk
cancellation matrix. (c) Tmplementation of system used.
(d) Graphic illustration of principles of system operation.
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h(z, 8) that we wish to deduce is given simply by

h(z,0) = H{(2)a(z, §) . 4
This very conveniently separates the inversion of the
electroacoustic system from the generation of position-
dependent desired signals associated with the virtual
source. Adopting this approach necessitates only one
inverse fiiter design step, that of the crosstalk cancella-
tion matrix H ,(z), as illustrated in Fig. 1(c). Of course
one could equally well work with the block diagram of
Fig. 1(a) and design k(z, 8) by minimizing the sum of
the squared errors generated for each value of a(z, 6),
but this requires a separate inverse filter design step for
each desired location of the virtual source and would
involve a very large amount of computation if many
virtual source locations were required.

Finally Fig. 1(d) provides a more graphic illustration
of the procedure implied by the block diagram of Fig.
1(c). One could imagine the desired signals to be those
produced at the ears of a first dummy head by a virtual
loudspeaker whose input signal is x(n). One can think
of applying these desired signals d,(n) and d,(n) to the
inputs of the crosstalk cancellation matrix H,(z). This
further matrix ensures that the outputs of the micro-
phones at the ears of the second dummy head are delayed
versions of the signals input to the crosstalk cancellation
matrix in accordance with Eq. (3), that is, that zy(n) =
di(n — A) and z,(n) = d,(n — A), thereby generating
the required signals at the listener’s ears. In the work
described hereafter the measurements of a(z, B) (and
thus, by implication, the desired signals) were under-
taken first under anechoic conditions enabling the compi-
lation of a database of HRTFs. For each environment
dealt with the crosstalk cancellation matrix was com-

puted separately, then enabling the generation of the

filters H,(z, 8) and Hy(z, 8) by the convolution of the
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vector a{z, 0) with the matrix H (z, 8) in accordance
with Eq. (4).

All the experiments described here made use of the
dedicated signal processing system described eatlier
[18], which was based on a Texas Instruments TMS320-
C30 microprocessor and housed an array of Motorola
DSP-56200 FIR convolution circuits. The DSP system
was controlled from a PC-386DX/33-MHz personal
computer and, in the subjective experiments described,
was used to implement the filters H,(z, 8) and H,(z, 6).
The database of dummy-head HRTFs was first compiled
using the ML.SSA system [23) running on an IBM PC.
These measurements were made in the ISVR large an-
echoic chamber (volume 295 m?) by placing a KEF C35
SP3093 loudspeaker at a 2-m distance in the horizontal
plane of a KEMAR DB 4004 artificial head and torso.
The latter made use of Zwislocki DB100 ear-canal simu-
lators with B&K UA 0122 ear-canal adapters and B&K
type 4165 microphones. Measurements were made at 36
angles, covering the right half of the horizontal plane
of the head in increments of 5°. The HRTFs for the left
half of the horizontal plane were derived from these
measurements by reflection in the median plane. The
sample rate for these measurements was 48.19 kHz and
used a bandwidth of 20 kHz. The original impulse re-
sponse measurements made use of 1024 samples, but
these were later reduced to 256 samples by removal of
a fixed part of the initial delay (i.c., the same initial
delay was removed from each impulse response) and by
windowing the tail of the impulse response.

2 EXPERIMENTS UNDER ANECHOIC
CONDITIONS

2.1 Experimental Arrangement

Fig. 2 shows the geometrical arrangement of the
sources and dummy head used in first designing the
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Fig. 2. Layout wsed during tests for subjective localization of virtual sources. Virtual sources
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marks distance at which virtual and additional real sources were placed for localization at different angles.
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crosstalk cancellation matrix H {z) for the experiments
- undertaken in anechoic conditions. The loudspeakers
used were KEF type C35 SP3093, and the dummy head
used was the KEMAR DB 4004 artificial head and torso,
which of course was the same head as that used in the
HRTF database compilation described in Sec. 1. The
elements of the matrix C(z) relating the loudspeaker in-
put signals to the signals output from the ears of the
dummy head were also determined by using the MLSSA
system [23]. The HRTF measurements were made at a
72-kHz sample rate, and the resulting impulse responses
were then downsampled to 48 kHz. The results are de-
picted in Fig. 3, which shows the impulse responses

PAPERS

corresponding to the elements of the matrix C(z) once
the.first 280 samples (corresponding to a pure delay due
to the acoustic travel time) had been removed and also
after truncating the responses to 1024 samples with a
half-Hanning window applied to the last 16 points. Fig.
4 shows the impulse responses corresponding to the ele-
ments of the crosstalk cancellation matrix H (z) that was
designed using the procedures described. Again, these
impulse responses are those measured at a 43-kHz sam-
ple rate. Finally Fig. 5 shows the results of convolving
the matrix H (z) with the matrix C(2), in both the time
domain and the frequency domain. The time-domain
results [Fig. 5(a)] show the effectiveness of the crosstalk
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Fig. 3. Impulse responses of electroacoustic system in anechoic chamber. Results are shown for impulse responses relating

inputs of left (source 1) and right (source 2) loudspeakers
dummy head.
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Fig. 4. Impulse responses of matrix of crosstalk cancellation filters used in anechoic chamber. Results are shown for impulse

responses relating inputs d(r) (input 1) and d,(n} (input 2)
Fig. 1(d) for definition of signals involved.]
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to loudspeaker inputs y;(n) (source 1) and y;(n) (source 2). [See
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cancellation and clearly illustrate that only the diagonal  tual source signals x(n) in order to generate the desired
elements of the product H,(z)C(z) are significant and  signals d,(n) and dy(n) corresponding to a chosen virtual
that Eq. (1) is, to a good approximation, satisfied. Note  source location. These were then passed through the
that the modeling delay A chosen was the order of 150 crosstalk cancellation filter matrix to generate the loud-
samples. The frequency-domain results [Fig. 5(b)Ishow  speaker input signals. Listeners were then seated such
excellent crosstalk cancellation up to about 8 kHz, but  that their heads were, as far as possible, in the same
at frequencies above this, the cffectiveness of the inver-  position relative to the loudspeakers as that occupied by
sion is a little erratic. Nevertheless, below 8 kHz the  the dummy head when the crosstalk cancellation matrix

crosstalk is canceled by a2 margin of about 20 dB. was designed. Listeners were surrounded by an acousti-
. . cally transparent screen (Fig. 2), and a series of marks
2.2 Subjective Experiments were made inside the screen at 10° intervals along a line

Having designed the matrix of crosstalk cancellation  in the horizontal plane (that is, the plane containing
filters as described, the HRTF database that was previ-  the center of the loudspeakers and the listener’s ears).
ously captured was then used to operate on various vir-  Listeners were asked to look straight ahead at the mark
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Fig. 5. Matrix of filters resulting from eonvolution of impulse responses of electroacoustic system in anechoic chamber with
matrix of crosstalk canceilation filters (a) in time domain and (b) in frequency domain. (a) Results for impulse responses relating
inputs ,(n} and d,(n) to outputs z,(n) (microphone 1) and zy(n) (microphone 2), [See Fig. 1(d) for definition of signals involved.]
(b) Responses at microphone 1 due to input () (solid line) and due to input d,(n) (dashed line). Similarly for responses at
microphone 2.
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corresponding to 0°, the loudspeakers being positioned
symmetrically relative to the listener behind the screen
at azimuthal locations of £30° (Fig. 2). After presenta-
tion of a given virtual source stimulus [that is, some
combination of input signal x(n) and choice of filters
A,(z, 0) and A,(z, 0) corresponding to a given virtual
source location] the listeners were asked to decide upon
the angular location of the virtual source. Listeners were
asked to make this decision while still looking straight
ahead and then (if necessary) turn their heads to nomi-
nate the mark on the screen that most closely corres-
ponded to their choice of virtual source location. No
attempt was made to restrain the motion of the listener’s
head otherwise.

In order to provide a direct evaluation of the effective-
ness of the system in producing the illusion of virtual
sources in a given location, a series of experiments were
also undertaken using real loudspeaker sources. These
were placed at various locations on a circle of 2-m radius
surrounding the listener. For each set of experiments
undertaken with virtual sources, an equivalent set of
experiments were undertaken with real sources. Each
subject was presented with both sets of stimuli. The real
sources were presented first to the subjects, with the
duration of a typical experimental session being on the
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order of 50 min. The subjects were asked to return two
days later for the experiments with virtual sources.
The types of signal x(n) used as inputs to both real
and virtual sources consisted of speech, one-third-octave
bands of random noise centered at 250 Hz, 1 kHz, and
4 kHz, and also pure tones at 250 Hz, 1 kHz, and 4
kHz. A summary of all the experiments undertaken is
shown in Table 1. The presentation of different angnlar
locations of both real and virtual sources was divided
into three “sets” of angles. These are also defined in
Table 1. Set 0 consisted of angles to both the front and
the rear of the listener, whereas set 1 and set 2 contained
angles only in the forward half of the horizontal plane.
In each of the experiments defined in Table 1, the angles
from a given set were presented in a particular sequence.
Thus, for example, sequence OA refers to a specific order
of presentation of angles from set 0, whereas sequence
1A refers to another sequence of presentations of angles
from set 1. The particular sequences used are specified
in Table 2. Note that the order of presentation of the
angles in a given sequence was chosen randomly in order
that subjects could not learn from the order of presenta-
tion. In addition, an attempt was made to minimize any
bias produced in the subjective judgments caused by
order of presentation by ensuring that each sequence

Table 1. Summary of all experiments undertaken.*

One-Third-Octave Pure Tone
Experiment Speech 250 Hz 1 kHz 4 kHz 250 Hz 1 kHz 4 kHz
i 0A 0B* 0C* oD+ 0E* OF* 0G*
1A 1B 2A 2B 2C 1C 1D
2 0A OB* 0C* 0D* 0E* OF* 0G*
1ArT 1Br 2Ar 2Br 2Cr 1Cr 1Dr
3 OAr OBr* OCr* 0Dr* OEr* OFr* 0Gr*
2A 2B 1A 1B 1C 2C 2D
4 0Ar 0Br* 0Cr* ODr* OEr* OFr* 0Gr*
. 2Ar 2Br 1Ar 1Br 1Cr 2Cr 2Dr
Sets of angles
¢ 60 100 150 180 —60 - 100 — 150
1 30 60 90 -30 -50 —90
2 20 50 80 —20 —60 — 80

* All experiments

used both real and virtual sources except those marked *, which were undertaken

with real sources only. The sequerices of angles used are defined in Table 2. Each experiment was undertaken

by three subjects.

T r denotes presentation of a sequence in reverse order.

Table 2. Specification.of all sequences of angles used in subjective experiments.

0A: 43 180 -150 —100 60 —60 100 0 :

159 180 60 —150 -100 100 —60 150 (Virtual sources)
0A: 0 100 150 60 180 —68 —150 —100 (Real sources}
0B: 100 -60 180 150 60 -~ 100 0 —150
0C: 150 180 0 100 60 —60 -150 -—100
on: 60 150 —60 0 100 -150 150 -100
OE: —136 —-460 0 100 —100 60 180 150
OF: 100  -60 80 180 0 -—-150 150 —100
0G: —60 o -150 180 150 60 —-100 100
1A: -30 0 60 9 -50 -—-9%0 30 0 —30 60 30 -9 90 -—-30 50 60 90 -9 0 0 -50
1B: 60 0 —50 30 0 50 90 60 —50 -—% -3¢ 30 0 —3 -9 -50 90 60 0 90 -30
1C: 90 90 30 0 60 90 -90 -—-50 =30 30 ¢ 50 60 90 30 50 0 -9 =30 60 —30
1D: 30 60 -90 -50 -30 -—50 0 -90 90 60 0 30 60 -30 -90 0 -50 90 30 -30 90
2A: —80 20 50 0 -20 80 -60 -8 20 50 0 20 80 -20 -—-80 -60 80 20 0 50 -—60
2B: 0 20 . —60 0 =20 80 50 60 50 -—-80 -—-20 ¢ 3 - 50 —60 20 -20 -—-380 20 30 -—80
2C: -20 0 20 50 60 -20 0 20 0 -30 80 —60 L] 50 8¢ -—-80 —20 50 —-60 —80 20
2D 20 50 —80 0 —-20 -460 0 =-320 30 50 0 20 50 -20 -—80 0 -60 80 20 —20 80
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was also presented in reverse order. Thus sequence 1Ar
denotes the presentation of sequence 1A in reverse order.

Each of the experiments defined in Fig. 3 was under-
taken by three subjects, a total of 12 subjects being
tested in all. The subjects were all aged in their 20s and
had normal hearing. A roughly equal division between
male and female subjects was used, with at least one
female being included in each group of three subjects.
More details of these subjective experiments are pre-
sented by Engler [20].

2.3 Experimental Results

The first point to be made regarding the performance
of the system was that it was generally unable to produce
a convincing illusion of virtual sources located to the
rear of the listener. This is clearly shown by the results
depicted in Fig. 6, which compares the localizations of
real and virtual sources. Here the squares have a side
length that is directly proportional to the number of times
a given “response” angle was recorded for a particular
“presented” angle, that is, the number of times that the
subjects responded to a given stimulus by answering that
the source was located in a given angular location. The
results in Fig. 6 (which are for speech signals) show
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that while the localizations of the real sources to the rear
of the listener are remarkably accurate, presentations of
virtual sources to the rear of the listener were very often
“mirrored” to their equivalent angular locations to the
front of the listener. Thus, for example, a presented
angle of 150° would result in a response angle of 30°,
It is worth pointing out, however, that although there
were very few such “front-back confusions” in the case
of real sources with a speech signal, these were very
much in evidence when other types of stimulus signals
were used with real sources, particularly so in the case
of pure tones. (The reader is referred to [20] for the data
on these test cases.)

Fig. 7 shows more clearly the ability of the system
to generate convincing illusions of virtual sources to the
front of the listener. This is particularly so for angles
within the range of £60°, although occasionally subjects
again exhibited front—back confusions within this angu-
lar range. For angles outside +60° there was a tendency
for the subjects to localize the image slightly forward
of the angle presented (that is, presented angles of 90°
would be localized at 80, 70, or 60°). This is more
clearly shown by the data in Figs. §—10, which present
the results for source signals consisting of orie-third-
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octave bands of white noise centered at 250 Hz, 1 kHz,
and 4 kHz, respectively. Again occasional front—back
confusion occurs, but these data show principally that
there is some frequency dependence of the effectiveness
of the system. Thus the data at 4 kHz (Fig. 10) show a
larger degree of “forward imaging” of virtual sources
when sources are localized to the front of their intended
locations at the sides of the listener. The results for
pure tones (see [20]) showed similar trends, although
the scatter in the data was considerably greater than in
the case of one-third-octave bands of noise.

3 EXPERIMENTS IN A LISTENING ROOM

3.1 Experimental Arrangement

An experiment arrangement identical to that used un-
der anechoic conditions was also used under reverberant
conditions, except that the experiments were undertaken
inside a listening room built to IEC specifications. The
geometrical arrangement of loudspeakers, listeners, and
screen was identical to that illustrated in Fig. 2. The
response of the electroacoustic system to be inverted
was, however, markedly different and is shown in Fig.
11. Comparison with Fig. 3 shows that the signals input
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to the loudspeakers produced a significantly stronger
series of reflections at the ears of the dummy head as a
result of the surfaces of the listening room. Fig. 12
shows the impulse responses of the matrix of crosstaik
cancellation filters, and Fig. 13 presents the results of
convolving these with the measured impulse responses
shown in Fig. 11. Again, the filter design procedure was
very effective in deconvolving the system and producing
a significant net response only in the diagonal terms of
the matrix product C(z)H (z), although the effectiveness
of inversion was less at frequencies above about 8 kHz.
It is also notable that the frequency-domain results de-
picted in Fig. 13(b) show a less effective inversion than
the results presented in Fig. 5 measured under an-
echoic conditions.

3.2 Subjective Experiments

A series of experiments identical to those performed
under anechoic conditions were undertaken. All the tests
listed in Table 1 (using the sequences specified in Table
2) were repeated in the listening room. However, a dif-
ferent set of 12 subjects was used for the listening room
tests, but the same procedures of testing with real and
virtual sources were adhered to. Again, the listeners
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Fig. 9. Results of localization experiments in anechoic cham-
ber using 1-kHz one-third-octave filtered white noise signal.
(a) Virtual sources. (b) Real sources.
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were generally in their 20s with normal hearing and
distributed evenly in numbers between male and female.

3.3 Experimental Results

Fig. 14 compares the effectiveness of the virtual
source imaging system and the ability of the listeners to
Iocalize real sources. Again, the system was found to be
incapable of producing convincing images to the rear of
the listener, with almost all virtual source presentations in
the rear of the horizontal plane being perceived in their
mirror image positions in the front. The results shown in
Fig. 14 were again undertaken for speech signals, and it
should be noted that although the results are not presented
here, the localization of real sources with other signal types
(pure tones and one-third-octave bands of noise) was far
less accurate than with the speech signals and showed
significant numbers of front—back confusions.

Again, however, the system was highly effective in
producing accurately located images to the front of the
listener, especially in the range of +60°. This is illus-
trated in Fig. 15, which also shows fewer front—back
confusions than observed in the equivalent experiments
performed under anechoic conditions (Fig. 7). The re-
sults in Fig. 15 also show the tendency of the system to
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produce “forward images” of the virtual sources to either
side of the listener. This tendency is again shown by
the results produced by one-third-octave bands of noise
(Figs. 16-18), being especially marked at 4 kHz (Fig.
18). It is also interesting to note that at 250 Hz (Fig.
16) the data show significantly greater scatter than at
the same frequency under anechoic conditions. In the
additional data presented by Engler [20] it is also shown
that the localization of pure-tone virtual sources in a
reverberant environment was generally poor, with re-
sults at 1 and 4 kHz being scattered similarly to those
measured under anechoic conditions and those at 250
Hz showing a degree of scatter that was markedly greater
than that measured under anechoic conditions,

4 EXPERIMENTS INSIDE AN AUTOMOBILE

4.1 Experimental Arrangement

As a final, and more challenging, test of the ability
of the system to produce convincing virtual acoustic
sources, some brief experiments were undertaken in the
interior of an automobile. The car used was an ISUZU
I-Mark XS left-hand drive vehicle. The existing audio
system loudspeakers were used to generate the signals
presented to the listeners, these loudspeakers being fitted
into the underside of the vehicle dashboard facing down-
ward at an angle of approximately 45° to the horizontal.
An approximate dimensional drawing of the arrange-
ment is shown in Fig. 19. The loudspeakers were placed
in a position well below the horizontal plane containing
the listener’s ears. Both the dummy head used to design
the matrix of crosstalk cancellation filters and the listener
were placed in equivalent positions in the driver seat on
the left-hand side of the vehicle.

The impulse response of the loudspeaker—vehicle in-
terior combination proved quite difficult to invert satis-
factorily, the design of the matrix of crosstalk cancella-
tion filters being made difficult by the limited number
of filter coefficients available. Some attempt was made
to ease this situation through damping the car interior
by adding anechoic wedges to the boot space at the rear
of the vehicle. The impulse responses comprising the
matrix of electroacoustic transfer functions once this
treatment was installed are shown in Fig. 20. The form
and duration of these impulse responses are clearly very
different from those measured in the anechoic room and
the listening room, with substantial energy in the im-
pulse response arriving well after the direct sound. This,
of course, is a natural consequence of the highly reflec-
tive nature of the vehicle interior surfaces, which are
placed very close to the listener. The crosstalk cancella-
tion filters were consequently also of very long duration,
and these impuise responses are shown in Fig. 21. The
truncation of these impulse responses produced a less
effective inversion than in the cases described, which is
evident in the detailed frequency analysis of the decon-
volved system transfer functions. The corresponding fre-
quency responses of the deconvoived system are pre-
sented in Fig. 22, showing that the crosstalk cancellation
was basically effective despite these difficulties.
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4.2 Subjective Experiments

The environment being dealt with precluded a direct
comparison between real and virtual sources, and there-
fore experiments were conducted only with virtual
sources. The experiments described above showed that
the system was at its most effective when using speech
signals for the virtual source, and therefore only speech
was used in these experiments. Essentially the same
approach was taken in these cxperiments as in those
described earlier, with subjects being asked to look di-
rectly in front, decide upon an angular location of the
virtual source, and then nominate a marker placed in the
horizontal plane outside the car.

PAPERS

In addition to the judgment of angular location, the
subjects were also asked to give a judgment of elevation
of the virtual source, either “above,” “below,” or “level”
with the horizontal plane. This simple test was included
since, unlike in the previous experiments, the loudspeakers
used to generate the signals were well below the horizontal
plane. The desired signals at the listeners’ ears were of
course due to virtual sources in the horizontal plane.

A total of 12 subjects was again used, all having nor-
mal hearing. These subjects were again different from
those participating in the experiments undertaken in both
the anechoic and the listening rooms. A total of 38 ran-
domly chosen angular locations of virtual source were
presented to each listener.
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4.3 Experimental Results

The results of the angular localization experiment are
shown in Fig. 23. Although the general scatter of the
data is somewhat larger than with the previous two test
conditions using a speech source, very similar trends are
evident in the data. Thus, for example, centrally placed
images are reliably located and there is a tendency for
forward imaging of virtnal source locations to the side
of the listener. There is also a tendency evident in the
data that conflicts somewhat with the forward imaging
trend. That is, for a relatively large number of tests,
virtual sources presented to the side of the listener (from
60 to 90° and — 60 to —90°) were all located at exactly

SYNTHESIS OF VIRTUAL ACOUSTIC SOURCES

90 or —90°. Itis possible that these results were actually
derived from front—back confusions and were located
by the listeners at the extremes (=90%) of the angular
locations, which could be chosen from on the array of
markers outside the car.

The results of the elevation test are presented in Fig.
24. These demonstrate that, on average, the subjects
Jjudged the virtual sources to be in the horizontal plane,
although there was considerably indeterminacy in this
Judgment. Significant numbers of subjects judged the
virtual sources to be below the horizontal plane for vir-
tual source locations to the Ieft of the listener, which is
perhaps not surprising in view of the relatively large
angle of elevation of the left-hand loudspeaker situated
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Fig. 13. Matrix of filters resulting from convolution of impuise responses for electroacoustic system in listening room with
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below the listener. In retrospect, this elevation test could
have been posed better, with subjects being asked to
locate the elevation of the virteal source with a range”
of vertical locations. What is clear from these data, how-
ever, is that the subjects did not consistently judge the
location of the virtual sources to be below the hori-
zontal plane.

5 DISCUSSION

The results of these experiments demonstrate that the
signal processing scheme described earlier [18] is a very
effective means of reliably producing virtual source im-
ages to the front of listeners in the horizontal plane over
a range of angles of *60°. Furthermore, this can be
accomplished in a variety of environments, almost irre-
spective of the complexity of the acoustic response of
those environments. It should also be emphasized that
this technique has proved consistently effective with a
population of subjects with normal hearing, and although
the crosstalk cancellation filters used have been environ-
mentally dependent, they have not been designed for
individual listeners.

Certain trends have been repeatedly evident in the
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data. For example, the system failed to produce virtual
images to the rear of the subjects tested, with those
presentations generally being perceived in their mirror
image locations to the front of the listener. Virtnal
sources presented to the side of the listener suffered
from forward imaging and were generally perceived to
be to the front of the intended angular location in the
horizontal plane. Thus although virtual images to the
side of the listener were more difficult to produce consis-
tently, it was found possible to produce them at angular
locations outside the =60° range.

Clearly the explanation of these trends is a complex
issue, and much remains to be done to understand fully
the workings of acoustical virtual imaging systems of
this type. The obvious explanation for the ability of the
system to produce good results for sources to the front
of the listener is that the real sources generate a sound
field in the region of the listener’s head that is predomi-
nantly propagating from front to back. The natural head
movement that subjects used in the listening tests may
well be capable of clearly distinguishing this direction
of propagation, which is inherent in the sound field. An
analysis of the exact form of the sound field produced
by such systems in the region of a scattering body (the
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listener’s head) may well yield further insights into this
matter, and this work is currently under way.

There are many other issues raised by these experi-
ments. For example, it would be interesting to see
whether similar results would be obtained if instead of
a dummy head, whose HRTF yields a very well defined
and characteristic ear canal resonance and has “average”
pinnae, another simpler body (a sphere, for example)
were used. Furthermore, although in these experiments
the effect of the acoustical environment has been cor-
rected for in the design of the inverse filters, it would
be interesting to evaluate the deterioration in system
performance when instead of correcting for the environ-
ment, the crosstalk cancellation filters designed under
anechoic conditions were used in a system operating in
reverberant conditions. These issues remain to be
addressed.

6 CONCLUSIONS

The results have been presented of a series of experi-
ments designed to test the effectiveness of a system
for the synthesis of virtual acoustic sources. The signal
processing system used proved capable of inverting the
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responses of a variety of acoustical environments, in-
cluding a listening room and the interior of an antomo-
bile in addition to that of an anechoic chamber. The
results of the experiments showed that, irrespective of
the acoustical environment, images of virtual acoustic
sources could reliably be produced within an angular
range of *60° in the horizontal plane. Virtual sources
presented in the ranges 60 to 90° and —60 to — 90°
were generally perceived to be slightly forward of their
intended locations, whereas the virtual sources presented
to the rear of the listener (in the ranges 90 to 180° and
—90 to — 180°) were generally perceived to be in their
mirror angular locations to the front of the listener.
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Fig. 21. Impulse response of crosstalk cancellation filters used for in-car experiments.
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Fig. 22. Matrix of filters resulting from cor
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tion for in-car experiments.
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Fig. 24. Subjective evaluation of virtual-source elevation for

as follows: below

in-car experiments. Elevation is represented on vertical scale
—1, level = 0, above

= 1.
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