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Abstract—The rehabilitation of blindness, using noninvasive
methods, requires sensory substitution. A theoretical frame for
sensory substitution has been proposed [32] which consists of a
model of the deprived sensory system connected to an inverse
model of the substitutive sensory system. This paper addresses
the feasibility of this conceptual model in the case of auditory
substitution, and its implementation as a rough model of the
retina connected to an inverse linear model of the cochlea.

We have developed an experimental prototype. It aims at
allowing optimization of the sensory substitution process. This
prototype is based on a personal computer which is connected to
a miniature head-fixed video camera and to headphones. A visual
scene is captured. Image processing achieves edge detection and
graded resolution. Each picture element (pixel) of the processed
image is assigned a sinusoidal tone; weighted summation of
these sinewaves builds up a complex auditory signal which is
transduced by the headphones.

On-line selection of various parameters and real-time func-
tioning of the device allow optimization of parameters during
psychophysical experimentations. Assessment of this implemen-
tation has been initiated, and has so far demonstrated prototype
usefulness for pattern recognition. An integrated circuit of this
system is to be developed.

Index Terms—Blindness, pattern recognition, sensory substitu-
tion, spatial localization, visual prosthesis.

I. INTRODUCTION

T HE rehabilitation of vision in cases of blindness has been
attempted in various ways with limited success so far. At

the beginning of the 1970’s, the concept of sensory substitution
was introduced [3]. In this noninvasive rehabilitation method,
signals coding for the missing information are transmitted to
an intact sensory organ.

Numerous sensory substitution devices have been designed.
The Optacon [7] transcodes a printed pattern into an array
of 24 6 vibrotactile rods in contact with the fingertip. The
Sonic Guide [22] is an obstacle detector; it consists of a pair
of spectacles with an ultrasonic echolocation system allowing

Manuscript received March 6, 1997; revised April 15, 1998. The work was
supported in part by the Walloon Region of Belgium under Grant F.I.R.S.T.
#1500.Asterisk indicates corresponding author.

C. Capelle and P. Arno are with the Neural Rehabilitation Engineering
Laboratory, University of Louvain, B-1200 Brussels, Belgium.

C. Trullemans is with the Microelectronics Laboratory, University of
Louvain, B-1348 Louvain-La-Neuve, Belgium.

*C. Veraart is with the Neural Rehabilitation Engineering Laboratory,
University of Louvain, UCL 54.46, B-1200 Brussels, Belgium (e-mail: ve-
raart@gren.ucl.ac.be).

Publisher Item Identifier S 0018-9294(98)06092-3.

evaluation of azimuth and distance of obstacles. Another
obstacle detector is the Laser Cane [27]. It is a traditional long
cane coupled with an infrared echolocation system aimed at
detecting targets complementary to the cane.

These aids have proven to be helpful, at least in education
(e.g., the Sonicguide can be useful in learning space per-
ception). However, they are limited to specific tasks (pattern
recognition or obstacle detection) and do not provide extensive
visual rehabilitation. On the contrary, the present approach
aims at global rehabilitation, which means the simultaneous
rehabilitation of several important functions of the visual
system such as pattern recognition, movements detection,
spatial localization and orientation, and mobility.

A conceptual model has been proposed [32] in which
a model of vision is connected to an inverse model of
a substitutive sensory system to achieve optimal sensory
substitution. Implementation of this model should operate in
real-time, to allow sensory–motor interactions. These inter-
actions are necessary both for calibration of the substitutive
sensations during learning and for accuracy and efficiency
during utilization of such a system. The modeling of sensory
systems is, to a large extent, limited by our existing knowledge,
and their reversing is questionable due to their nonlinear
characteristics, and to their information reduction process.
Nevertheless, provided modeling of the sensory systems is
restricted to their most prominent features, designing a real-
time implementation of this conceptual model of sensory
substitution prostheses is worth considering.

The aim of this paper is, thus, to design a real-time ex-
perimental prototype implementing the proposed model of
sensory substitution, applied to vision rehabilitation using
audition. Efforts were made to design an adaptable system
whose parameters could be easily modified in order to find
the optimal settings.

II. REHABILITATION OF BLINDNESS

USING SENSORY SUBSTITUTION

A. Conceptual Model of Sensory Substitution

The conceptual model [32] (in the case of the sensory
substitution of vision by audition) is illustrated in Fig. 1(a).
This model assumes that both the visual and the substitutive
sensory systems are similarly organized. After transduction of
environmental information into a neural signal in a dedicated
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(a)

(b)

Fig. 1. The sensory substitution process. (a) Theoretical background. A
model (10 and 20) of the visual system (1 and 2), processing visual information
in a similar way, will theoretically produce a signal (30) comparable to the
natural one reaching the association cortex (3). To allow this artificial signal
(30) to reach the associative structures (3) through a substitutive sensory
system (4 and 5), a model of this substitutive system (40 and 50) is reversed.
By coupling (30) the model of vision (10 and 20) to the inverse model of
the substitutive sensory system (40 and 50), processing of visual information
within the sensory substitution model (lower box) will produce a signal whose
further processing by the natural substitutive sensory system (4 and 5) could
supply the association cortex (3) with the required signal. Coupling can take
place at different levels on the pathway: at a theoretical level (30, link C), at
an intermediate level (link B) if the knowledge of visual and substitutive
systems are limited, or at a primary level (link A) if the connection is
straightforward (case, e.g., of a tactile–vision substitution, or TVS, system [3]).
(b) Implementation of the sensory substitution model consisting of a model
of vision connected to an inverse model of audition, using an appropriate
transcription code.

sensory organ (1 and 4 on the figure), neural information
is processed by a specific sensory system (2 and 5 on the
figure), and finally converges onto the association cortex (3
on the figure). When the normally developed visual system is
impaired, no neural information feeds the association cortex
anymore as illustrated in Fig. 1(a), upper box, shaded parts.

Sensory substitution then requires to feed the association
cortex with a neural signal similar to the one normally pro-
vided by the impaired sensory system, but through another

sensory pathway. Therefore, the sensory-substitution model
[Fig. 1(a), lower box] should first elaborate a signal containing
information similar to that normally delivered to the associ-
ation cortex by the visual system when it is not impaired.
This can be done by modeling the visual system as closely as
possible. An artificial transducer (1) modeling the eyes (1),
followed by an encoder (2) modeling the visual system (2)
up to the level of the association cortex would, thus, process
visual information and eventually produce the requested signal.

This signal should then be transmitted to the association
cortex (3) through the substitutive sensory system (4 and
5). This is achieved, following the conceptual model, by
modeling the substitutive sensory system, and by inverting
the information flow to generate an auditory stimulation.
Finally, this stimulation will be processed by the substitutive
sensory system. The inverse model of the substitutive system
and the natural substitutive system, thus, theoretically cancel
each other. This is illustrated in Fig. 1(a), lower box. The
transcoded signal delivered by the model of vision (3) is
decoded by an inverse model of the substitutive sensory system
(5 ), and then actuated by an inverse model of the substitutive
sensory organ (4). The natural substitutive system (4 and 5)
eventually restores the appropriate neural information at the
polysensory cortical level. To sum up, the sensory substitution
model consists of a model of the impaired system (1and
2 ) connected to an inverse model of the substitutive sensory
system (5and 4) using an appropriate transcription code (3).

The issue of the substitutive system inversion has already
been mentioned. Any sensory system is generally characterized
by some data reduction. Then, the modeling could be charac-
terized, e.g., by nonsquare matrices whose inversion does not
exist in a strict sense, although some special operations can
be used (such as the pseudoinverse).

Moreover, although the inversion of a system does not imply
its linearity, the inversion of a (multidimensional) nonlinear
system is generally not possible; only a local linearization
may be achieved.

As a consequence, an approximate inverse modeling of the
substitutive sensory system may be attempted provided data
reduction as well as nonlinearity are limited, which could
be the case of the peripheral part of the substitutive sensory
system.

B. Selection of a Substitutive System

In case of rehabilitation of vision, somesthesia (i.e., the
tactile system) and audition (i.e., the hearing system) are
the only practical sensory system candidates for substitution.
When considering connection between the model of vision
and the inverse model of the substitutive sensory system,
projection of a visual scene onto the tactile system seems
straightforward, as both signal and sensory organ appear as
two-dimensional (2-D). Moreover, the tactile system would
only play a subordinate role as a communication channel;
consequently, its overload in case of sensory substitution
would be limited. However, using the skin leads to some
difficulties [21]. It is necessary to choose a highly sensitive
skin surface (e.g., lips or finger tips) upon which the mechan-
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ical or electrical stimulating device should be located exactly
at the same position on a daily basis [11]. In addition to
cosmetic problems, the use of skin as a substitutive system
suffers from other drawbacks, including irritation [8], [30],
pain [21], [23], [25], [33], muscle activation, to state a few.
Furthermore, the tactile sense exhibits a poorer absolute range
(electrotactile: from 6 to 20 dB; vibrotactile: about 40 dB [21]),
compared with the visual sense (absolute range above 100
dB [16], although the useful dynamic range around a given
level of brightness is no more than about 50 dB [6]). Finally,
transmission of a large flow of information requires both high
spatial resolution and high rate, from sensory organ up to
perception, which is not in favor of the skin as substitutive
sensory system [4], [9], [11], [13], [21], [30].

By contrast, audition is easy to interface using standard
sound emitting devices (e.g., earphones, or bone conduction
devices). Moreover, the absolute range of the auditory system
is about 120 dB [16], although the useful dynamic range in
complex sounds, which mainly depends on the masking effect,
lies below this value (see Section III-D). This high absolute
range of the auditory system, together with its fine frequency
and intensity discrimination thresholds and its large temporal
bandwidth [34] result in a high information capacity. Also,
the human auditory system is quite efficient in learning how
to process and interpret extremely complicated and rapidly
changing sonorous patterns such as speech or music, even
in a noisy environment [18]. The phenomenon of selective
perception provides the auditory system with the ability to
deal concurrently with different kinds of information [31];
see also a discussion in [12]. Accordingly, suitable design
of the sensory substitution device would allow perception
of essential auditory information such as speech or warning
signals. Nevertheless, if the perception of some fine auditory
informations in a specific environment (such as in a concert
theater) were preferred to the sounds provided by the sensory
substitution device, it could simply be switched off. Finally,
the interaural processing of the hearing system (which allows
detection of the azimuth of a source sound with a resolution
as fine as one degree of arc [17]) combined with the frequency
axis provide a way to deal with the bidimensionality of images
when coding them into sounds.

C. General Considerations

The conceptual model of sensory substitution provides a
theoretical background for sensory rehabilitation devices and
supposes an exhaustive knowledge of both visual and auditory
systems, resulting in a connection between the visual and
auditory parts at an ideal, highly conceptual, level (link C in
Fig. 1). Since our current knowledge of these sensory systems
is mainly restricted to their peripheral parts, the models
of vision and audition will be limited and the connection
between the visual and auditory parts will take place at a
lower level (link B in Fig. 1), resulting in a “short circuit”
of the information path at a more peripheral level. Any
implementation of this theoretical model will, thus, be partial
since it does not—and it cannot—fully follow the model. As a
consequence, the conceptual model should, thus, be considered

as a guide for the development of sensory rehabilitation
systems.

Real-time functioning of the sensory substitution system is
necessary to allow sensory-motor interactions. This could be
achieved by fixing the vision transducer to the user’s head. An
ideal updating rate of 20–25 Hz should allow motion detection
within the visual environment, and provide an adequate feed-
back about changing visual information according to voluntary
head movements. In a practical laboratory prototype based on
a PC (as described below), a more realistic specification would
be a maximum of 100 ms for the overall data-processing
duration.

The transcoding of visual into auditory information results
in an unavoidable limitation. Visual information capacity is
more than 40 times the capacity of auditory information,
when comparing the respective amount of fibers in the human
optic nerve (about 1.2 million fibers) and auditory nerve
(about 28 000 fibers) [16], and given similar maximum firing
frequencies for both groups of fibers [6]. A drastic reduction
of image redundancy and image resolution, and an optimal
exploitation of the auditory bandwidth are, thus, required.
Moreover, color vision should not be considered since it is
not essential for most functions of vision and since it would
lead to significantly increase the amount of visual information
to be translated into sound.

Accordingly, in this work, the sensory-substitution device
will consist of an implementation of a model of the pri-
mary visual system delivering low-resolution images to an
inverse model of the primary auditory system producing a
complex sound, using an appropriate code of image-to-sound
transcription [Fig. 1(b)].

III. A UDITORY TRANSLATION OF IMAGES

A. Model of Vision

Acquisition of a visual scene involves grabbing of a video
image, and its digitization as a matrix of pixels.

The model of vision is restricted to the main features
of the primary visual system, i.e., lateral inhibition [5] and
graded resolution [20]. Lateral inhibition can be simulated by
convolving the matrix of pixels with an edge detector, such as a
filter implementing the Laplacian of a bidimensional Gaussian
followed by zero-crossing detection [24]. Graded resolution
can be implemented using a multiresolution artificial retina.
For example [see Fig. 2(a)], each of the four central pixels of
a 8 8 grid are subdivided into 4 4 smaller pixels, resulting
in a total of 124 pixels. Referring to human retina, fovea and
periphery would, respectively, be related to the central and
peripheral parts of this twofold artificial retina. The periphery
would allow spatial localization and movement detection, and
the fovea would allow pattern recognition. This segregation of
functions is in agreement with the organization of the visual
pathway into three parallel information-processing systems
(with respect to shape detection, localization and movement
detection, and color detection) [16] since the rehabilitation
of color vision is not considered in the present work, as
mentioned previously.
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(a) (b)

Fig. 2. Two examples of multiresolution artificial retinae: (a) artificial retina with two levels of resolution, amounting to a total of 124 pixels and (b)
artificial retina with four levels of resolution, amounting to a total of 208 pixels.

Fig. 3. Segregated code related to the twofold resolution artificial retina of Fig. 2(a). Pixel numbers (p) lie in the upper left corner of each case. The
encompassed sets of pixels lying in the four corners correspond to the peripheral part in Fig. 2(a); the central 64 pixels correspond to the foveal partin
Fig. 2(a). For all those pixels (and only for them), frequencies in Hz are indicated, in bold, in the lower part of each case (fp = f0:2

p=32 with f0 = 50 Hz).

A more accurate model of the graded resolution of the
primary visual system would consist of a first 8 8 low
resolution peripheral grid in which each of the 16 central pixels
are subdivided into 2 2 pixels to build a first intermediate
grid of 8 pixels [see Fig. 2(b)]. Then, in this second grid,
each of the 16 central pixels are, in turn, subdivided into
four pixels to build a second intermediate grid of 88 pixels
amounting to a total of 160 pixels. This process might be

continued up to a fourth level of resolution to build a foveal
grid of 8 8 pixels, as illustrated in Fig. 2(b), amounting to
a total of 208 pixels.

B. Inverse Model of Audition

The model of audition is restricted to the main features
of the primary auditory system, which roughly consists of a
frequency analysis (e.g., a windowed Fourier transform) of the
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auditory information reaching the inner ear [15]. The model
also determines the horizontal position of a sound source using
binaural intensity balance and phase (or time) difference (in
fact, for a single sinusoid, there is no difference between a
phase shift and a time delay).

Accordingly, the inverse model of audition achieves two
weighted summations of sinusoids (i.e., two inverse Fourier
transforms), one for each ear, whose amplitudes and phases
depend upon the corresponding ear. Moreover, sinusoid ampli-
tudes are adapted according to a standard spectral sensitivity
curve of the human ear [34].

C. Image-to-Sound Mapping

The conceptual model described previously provides a way
to build the visual and auditory parts of the sensory substitution
system, but it gives no indication as how to deal with the con-
necting code. In this paper, we have made the following choice
among several possibilities. The coding scheme is based on a
pixel-frequency association. This choice will be detailed and
discussed later in this section. The sensory substitution model
can now be summarized as follows. According to our model of
vision, the acquired image matrix is first convolved by an edge-
detector filter and, second, converted into a multiresolution
image. Then, coupling between the model of vision and the
inverse model of audition is achieved by assigning a specific
sinusoidal tone to each pixel of this multiresolution image; the
amplitude of each sinewave is modulated by the gray level
of the corresponding pixel. Finally, according to the inverse
model of audition, the left and right complex sounds consist
of weighted summations of these sinusoidal tones.

Whatever the coding scheme may be, translation of images
into sounds has to meet certain specifications:

i) Visual perception of a given object remains steady
whatever its location within a visual scene (we called
that “position invariance”); hence, displacements of an
object in a visual scene should lead to neighbor auditory
signals.

ii) Different levels of resolution in the model of vision
should correspond to specific sets of tones, in order to
facilitate evaluation of object dimension and localiza-
tion.

Signals produced by the inverse model of audition have to
meet the human auditory system features. Accordingly, their
specifications are as follows.

iii) Frequencies must belong to the audible bandwidth of
the human hearing system. Its range is 20 Hz to 20
kHz in young human adult subjects [16]. In this paper,
frequencies will be limited to the useful bandwidth of
the hearing system, i.e., from 50 Hz to 15 kHz. Outside
this bandwidth, the sensitivity drops rapidly, especially
for older people at high frequencies.

iv) Selection of neighbor frequencies must respect the
frequency discrimination threshold for the ear. Accord-
ing to Zwicker [34], above 500 Hz, the frequency
discrimination limen—or just noticeable difference
(JND)—for frequency is approximately 0.7% of the
frequency value; below 500 Hz, the JND is no more

related to frequency and has a constant value of about
3.5 Hz.

In agreement with cochlear tonotopy [14], sinewave fre-
quencies associated to pixels should be equally distributed
along an exponential scale to be perceived as approximately
equidistant [34].

In human audition, horizontal discrimination is mainly due
to intensity and phase binaural differences [17] and vertical
discrimination is due to differences in the timbre caused by
reflection on the pinna of the ear [28]. Therefore, in the
following examples of code, left–right discrimination will be
based on the binaural phase difference and intensity balance,
which are parts of the inverse model of audition. Up–down
discrimination will be obtained by choosing low frequencies
for the lower part of the image and higher frequencies for
the upper part of the image. This choice corresponds to a
natural feature in the localization of sounds by the human
hearing system. Indeed, blindfolded persons localize tones
according to frequency, the highest frequency at the top
and the lowest at the bottom with the middle frequencies
assigned to intermediary locations in an orderly progression,
and irrespective of the actual position [29].

Two examples of image-to-sound mapping codes, both
related to the twofold-resolution artificial retina [Fig. 2(a)], are
now detailed. The first one, the “segregated” code, completely
separates frequencies of the fovea with respect to those of
the periphery. In the second “interlaced” code, frequencies of
these two parts are intermingled like white and black keys on
the piano keyboard. The basic features of these two codes can
be summarized as follows:

• overall vertical position is coded as auditory pitch;
• overall horizontal position is coded as binaural intensity

and phase differences;
• brightness is converted into loudness;
• specific sets of tones are associated to foveal and periph-

eral parts of the image;
• frequencies of adjacent pixels are chosen so that columns

correspond to melodious sounds, and rows correspond to
dismelodious or harsh sounds.

1) Segregated Code:In this code, the frequency value as-
signed to pixel is

(1)

where is the fundamental frequency and is the pixel
number. These frequencies are indicated in Fig. 3 for a fun-
damental frequency of 50 Hz.

This code meets the specifications listed in the beginning
of this section as follows.

i) The frequency ratio between two adjacent pixels is
2 on the horizontal, and 2 on the vertical inside
each of the five retinal parts (fovea, or quarters of
the periphery). Consequently, small displacements of
an object in a visual scene result in neighbor auditory
signals, provided the object remains within a same
retinal part. Thus, the requirement of position invari-
ance during image-to-sound translation is respected
(separately) in the five parts of the artificial retina.
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Fig. 4. Interlaced code related to the twofold resolution artificial retina of Fig. 2(a). For each resolution level, pixels numbers from�32 to+31 lie in the
upper left corner of each case. Frequencies (in Hz) are indicated in bold in the lower part of each case (fp; peri: = fc:2

p=8:21=16 for the periphery, and
fp; fovea = fc:2

p=32:21=64 for the fovea, wherep is the pixel number, and wherefc = 766:08 Hz is the central frequency).

ii) On the one hand, the specificity of tones corresponding
either to the periphery or to the fovea, results from the
absence of harmonic relationship between frequencies
of pixels belonging to these retinal parts (see Fig. 3).
On the other hand, frequencies of the periphery are
either lower (bottom half) or higher (top half), than
those of the fovea. Consequently, the frequencies of
the two resolution levels are segregated.

iii) To meet the 50 Hz–15 kHz bandwidth requirement,
must be chosen between 50 and 60 Hz.

iv) With Hz, the frequency difference between
two successive pixels would be less than the JND for
frequency values lower than 165 Hz.

2) Interlaced Code:In this code, frequencies have been
allocated symmetrically from a common central value, in
such a way so that no harmonic relationship exists between
frequencies of the fovea with respect to those of the periphery.
Moreover, the frequency increment between two adjacent
pixels is smaller for the fovea than for the periphery, but
objects with identical visual angles yield the same frequency
bandwidth, wherever the object lies (fovea or periphery).
Frequencies are defined as follows:

for the periphery (2)

for the fovea (3)

where is the central frequency, and whereis the pixel
number ranging from 32 to 31, from left to right, along
each horizontal from bottom to top, for both fovea and
periphery, as illustrated in Fig. 4. The last factor of each
formula is a shift factor which provides interlacing between
the frequencies of the two grids.

In these conditions, two neighboring pixels on a same
horizontal are separated by the factor 2 in the fovea,
and 2 in the periphery, whereas on a same vertical two
neighboring pixels are separated by the factor 2in the
fovea, and 2 in the periphery. Furthermore, the frequencies
in the fovea are interlaced with those in the periphery which

are close to , and they have no common multiple. This is
illustrated in Fig. 4 where Hz, in order to provide
for a frequency value of 50 Hz as in the segregated
code.

This code is particularly flexible. In fact, the artificial retina
of Fig. 2(b) can be coded by extending (2) and (3) as follows:

for the peripheral grid (4)

for the first intermediate grid (5)

for the second intermediate grid

(6)

for the foveal grid (7)

where is the central frequency, whereis again the pixel
number ranging from 32 to 31, from left to right, along
each horizontal from bottom to top for all grids, and where
the last factor in each equation provides frequency interlacing
between grids.

This code generalized to the four levels of the artificial retina
in Fig. 2(b) meets the specifications listed in the beginning of
this section as follows.

i) The frequencies of two adjacent pixels are separated
by a constant factor, depending on the resolution level
of the artificial retina: 2 (peripheral grid), 2
(first intermediate grid), 2 (second intermediate
grid) and 2 (foveal grid), if they are on a same
horizontal, and 2 (peripheral grid), 2 (first in-
termediate grid), 2 (second intermediate grid) and
2 (foveal grid), if they are on a same vertical.
Consequently, displacement of an object in a visual
scene produces a similar auditory signal wherever it
occurs. Indeed, the related frequency shift is the same
in all four grids, since the frequency distance (on a
logarithmic scale) between two adjacent pixels in a
given grid is proportional to the dimension of pixels
inside this grid. This provides good position invari-
ance in the image-to-sound translation. Accordingly,
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TABLE I
COMPARISON BETWEEN THE TWO CODES

Specification Segregated Code Interlaced Code

object invariance -inside the fovea
-inside each quarter of the periphery

inside the whole artificial retina

discrimination of levels of resolution yes; frequencies are completely separated yes; frequencies are interlaced
just noticeable difference for frequency not respected for very low frequencies strictly respected for all frequencies
extensibility not possible possible

perception of a given object in the visual domain
corresponds to perception of a specific timbre in the
auditory domain.

ii) The specificity of the different sets of tones, corre-
sponding to each of the four grids, is obtained by
the frequency interlacing between the grids. No true
harmonic relationship exists between frequencies of
pixels belonging to grids of different resolution.

iii) To meet the 50 Hz–15 kHz bandwidth requirement,
must be chosen between 766 Hz
and 979 Hz

iv) The frequency difference between two successive
pixels is always above the JND whatever is.

Features of the two codes are compared in Table I. In the
interlaced code, extensibility is possible, position invariance is
better preserved, and JND is strictly respected.

Since these two codes are based on the same general
principles, the related acoustic signals produced by the system
can be basically described for simple visual patterns. For
instance, a vertical bar sounds as one or several fundamental
frequencies with multiple harmonics, and sounds, thus, rather
melodious. A horizontal bar sounds roughly as a noise of
narrow bandwidth (this corresponds to a beating which occurs
when neighbor frequencies sinewaves are added together); a
horizontal bar sounds, thus, dis-melodious.

The sound generated by a combination of such simple
patterns is the superposition of the corresponding basic sounds.
Such a complex sound is so rich that it cannot be caught
as a whole, but needs head movements to be perceived
and analyzed. In fact, head movements were systematically
observed with subjects involved in the prototype assessment
(see Section V). Subjects continually moved the head in order
to sequentially bring each part of the pattern in the central
zone of the artificial retina and then to recognize the stimulus
features.

D. Limitation of the Image Resolution
Due to the Auditory System

According to the JND criterion, more than 600 tones might
be discriminated in the 50 Hz–15 kHz range [34]. Neverthe-
less, the JND criterion only applies to single tones and not to
complex sounds; hence, these 600 tones must be considered
as the maximum acceptable number of frequencies for image-
to-sound mapping. The JND is, thus, a necessary condition for
discrimination, but not a sufficient one.

Another suitable criterion regarding the discrimination of
sound components is the critical bands, which allows the sep-

arability of at best thirty sound components [35]. Critical bands
could be, thus, considered as providing a condition which
is almost sufficient for discrimination, but not a necessary
condition.

A fine analysis of the discrimination abilities of the hearing
system is quite complex. The main characteristics are the
following.

First, when two or more tones are very close together
(i.e., when their frequency gap is below a few tens of Hz),
simultaneous sound generation produces beating which allows
discrimination of these tones, even if the power ratio of these
tones are beyond the discrimination criterion of critical bands.

Second, when a test sound stands inside the critical band of
a masking sound, the perception of this test sound depends on
critical bands criterion. The critical band may be understood as
the range of frequency over which the ear is able to integrate
intensity. According to Zwickeret al. [35], [36], critical band
amounts to a total of about 24. Following the critical bands
criterion, the ear is supposed to divide a large bandwidth
masking sound into critical bands, and to perceive the test
sound only when its level is a few dB less (e.g., 4 dB at 1 kHz)
than the level of the masking sound inside the same critical
band [36]. It is, thus, possible to discriminate, inside a same
critical band, several tones with close loudness, such as the
auditory coding of a horizontal bar in the central (“foveal”)
grid of the twofold retina.

Third, when a test sound is outside the critical band of a
masking sound, the perception of this test sound depends on
the masked auditory threshold. The masked threshold curve
of a given sound corresponds to the auditory threshold (pure
tone) which is raised due to the presence of the masking sound.
When masking sounds are pure tones of common level (e.g.,
50 or 60 dB), the masking effect curve presents a steeper
increasing slope (about 150 dB dB/octave) for frequencies
lower than the masking frequency, and a flatter decreasing
slope (about 50 dB/octave) for higher frequencies. Conse-
quently, adjacent pixels of the prototype can be discriminated
if their power ratio does not exceed a threshold, which depends
on their frequency gap.

Finally, the edge-detection algorithm applied to the images
before their conversion into sound greatly reduces the amount
of pixels which are sonorized. Edge detection lowers the
amount of “active” pixels (i.e., pixels whose black level
exceeds a given percentage of the range) and, thus, enhances
the image discrimination capacity of the hearing system.

The limit of frequency discrimination in human auditory
perception is, thus, highly dependent on the particular sound
pattern involved in the measurement; it is, thus, very diffi-
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Fig. 5. General overview of the experimental prototype. The system is based on a PC which is connected to a small head-fixed video camera (via a PC-plugged
standard video digitizing PCB) and to two pairs of headphones for both subject and experimenter (via two PC-plugged monaural specific PCB’s dedicatedto
sound generation). Two screens are also connected to the PC: the first (Hercules card) provides the indispensable interactive window, and the second (SVGA
card) displays the processed image. Arrows indicate the various directions of information flow inside the system.

cult to predict the maximal image resolution allowing a full
discrimination of its auditory content.

IV. DESIGN AND IMPLEMENTATION

We have developed a real-time functioning experimental
prototype which is based on the sensory substitution model.
The aim of this development is to allow psychophysical
optimization of the prosthesis. Therefore, we have designed
an adaptable system, based on a PC for flexibility. Usual
requirements for sensory aid systems (such as portability, low
electrical power drain, and low cost) are, thus, not a primary
concern for this experimental prototype.

A. Hardware

The PC is connected to a small head-fixed video camera on
the one hand and to headphones on the other hand (Fig. 5).

Image acquisition is achieved using a miniature black-
and-white video-camera [Pacific Corporation VPC-465, 1/3-in
charge-coupled device (CCD), electronic shutter] installed on
blindfolding spectacles. Using an extremely short focal length
fish-eye lens ( mm) with fixed focus, wide angle and
sharp images are obtained at almost all distances (from less
than half a meter up to infinity). The video-camera is connected
to a standard frame grabber card which is plugged into an
Intel-486 PC. This card runs in continuous frame grabbing
mode and provides a 256256-pixel 8-b frame stored in
the frame grabber card memory every 40 ms (50-Hz interlaced
standard). This memory can be read during continuous frame

grabbing allowing the PC to access the frame memory at any
time. Only the central part (64 64) of the 256 256 pixels
image is transferred into the RAM of the PC because real-
time functioning is required (using a more powerful PC, larger
images could be transferred). Nevertheless, the very short focal
length of the optics provides a horizontal angle of about 30
for the corresponding 64 pixels.

We have developed dedicated printed circuit boards (PCB’s)
to meet the required auditory specification, i.e., binaural pro-
duction of weighted sums of up to 256 sinusoidal tones whose
frequencies and phases are loaded at card initialization and
whose amplitudes can be changed in real-time. Signals for
the left and right ears are processed separately (same sets of
frequencies but different phases and amplitudes).

The behavior of the 256 sinusoidal oscillators is emulated
via fast digital computation. No low-cost music generator
meeting the required specifications was available when the
system was designed. However, we selected a sound pro-
cessor (SAM8905, Digital Research in Electronic, Acoustics,
and Music, France) which can produce up to 64 monaural
sinusoids. The sound generation card contains four of these
SAM8905 circuits and allows the generation of up to 256 si-
nusoids. Two independent sound-generation cards are plugged
in the PC. They compute the left and right complex auditory
signals, independently from the PC’s CPU.

The sound generation PCB architecture is illustrated in
Fig. 6. Each card includes an interface, a control circuitry, four
SAM8905 music processors, serial-to-parallel shift registers,
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Fig. 6. Monaural sound-generation card architecture, including an interface (address decoder and three-state buffer), a control circuitry, four music processors,
serial-to-parallel shift registers, an adder network, and a DAC. A 48–MHz clock drives all the music processors which produce 16-b precision sampleseach
1024 cycles, providing a 46.875-kHz sampling rate. These samples are added together, converted inside the DAC, amplified, and then transduced in sounds.

an adder network and a digital-to-analog converter (DAC). A
clock drives the four music processors which produce the 16-b
precision samples (256 possible sinewaves256 intensity lev-
els per sinewave). These samples are added together, converted
in the DAC, amplified and then transduced in sounds.

As illustrated in Fig. 5, two screens are connected to the PC.
The first one (Hercules card) provides the essential interactive
window. The second one (SVGA card) displays the processed
image. This allows separation of the whole process in two
distinct steps. First, acquisition, image processing, and optional
display. Second, coding and sound generation. Each step can
be optimized independently.

B. Software

A PC-based C-language program controls the whole pros-
thesis process (Fig. 7). After hardware and software initial-
ization, the program runs in a continuous loop and controls
image-to-sound transformation, according to experimental re-
quirements.

Hardware initialization concerns the video digitizing card,
the sound generation cards, the Hercules card and the SVGA
card.

Software initialization consists of loading the parameters
from a configuration file. These parameters can be modi-
fied on-line during prototype functioning. The configuration
file holds two modalities for each parameter allowing fast,
one-touch parameter switching during running. The updated
settings of each parameter are displayed on line on the
interactive screen.

The program first controls image processing. The 6464
pixels matrix may undergo one or several convolutions using
3 3 filters (low-pass, high pass, etc.) followed by an edge
detection. Convolution matrices of 33 are appropriate for
64 64 pixels images, whereas convolution matrices of 55

Fig. 7. General algorithm of the prototype.

would dramatically increase the computation time. A multires-
olution image is then built on the filtered 6464 image using
reduction of resolution techniques (segmentation after low-
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(a)

(b)

(c)

Fig. 8. Two examples of intensity balance laws for the fourfold resolution
artificial retina [see Fig. 2(b)] are illustrated. Each bold horizontal bar indicates
the intensity balance weight (vertical axis) related to the corresponding pixel
position (horizontal axis) inside the artificial retina. Right ear weights are on
the increasing slopes, and left ear weights are on the decreasing slopes. (a)
Horizontal portion of the fourfold resolution artificial retina. (b) The linear
intensity balance is proportional to the dimension of the grid, resulting in a
smaller balance for the finer resolution grid (in this case, the intensity balance
law is proportional to the real azimuthal pixel position inside the artificial
retina). (c) The linear intensity balance is maximal whatever the resolution
level inside the artificial retina, enhancing the intensity balance for the finer
resolution grids.

pass filtering, mean of the appropriate pixels, etc.). After this
process, multiresolution images can be displayed (see Fig. 5).

According to the selected code, a frequency is associated
to each pixel of the multiresolution image. Gray levels of
these pixels are multiplied by a weighting factor taking into
account the spectral sensitivity of human audition. These 8-b
values, which now correspond to sound amplitudes, are then
transferred into the sound generation PCB’s after left/right
linear intensity balance according to the azimuthal position
of the corresponding pixel.

As illustrated in Fig. 8, the linear intensity balance can
either be the same over the whole artificial retina [Fig. 8(b)],
resulting in a smaller balance for the finer resolution grid, or
it can be maximal inside each resolution level of the artificial
retina [Fig. 8(c)], thus, enhancing the intensity balance for the
finer resolution grids.

Initial phase values of the sinusoids are randomly chosen
at sound card initialization. However, left to right phase
differences are not arbitrary. For each pixel, or each sinewave,
phase differences are implemented as the binaural phase

differences of a far sonorous source [17], as follows:

(8)

where

phase difference;
standard diameter of the head (typically, 175 mm);
horizontal azimuth angle of the pixel, related to the
aperture angle of the camera;
wavelength of the sinewave associated with the pixel.

The sound generation PCB’s produce the left and right
complex sounds. These consist of weighted summations of
sinusoidal tones, the amplitude of each sinewave being mod-
ulated by the gray level of the corresponding pixel. These
complex sounds can be expressed as follows:

(9)

(10)

where

pixel number;
maximal pixel number (i.e., amount of pix-
els inside the artificial retina);
gray level of the pixel at time (sole
parameter which depends on time);

and left and right weights of the intensity bal-
ance, related to the pixel;
weight of the spectral sensitivity curve,
related to the pixel ;

and left and right initial phases, related to the
pixel ;
frequency of the sinewave associated to the
pixel .

As already mentioned, several parameters can be changed
on-line during the functioning of the prototype. They are, the
type of image processing (i.e., choice of 33 convolution
matrices), the type of code, the number of levels in the
multiresolution artificial retina, and the type of the intensity
balance law. Moreover, other modalities can also be switched
either on or off during prototype functioning. They are: pos-
sible histogram equalization, display of the processed image,
etc.

An additional feature is the possibility to record the suc-
cessive images processed during a session. Only a maximum
of 256 bytes per image is stored. Playing-back the recorded
sequences allows the display of the processed image and
its conversion into auditory information. Off-line accurate
analysis of the subject’s strategies during utilization of the
prosthesis is, thus, possible.

C. Performance

The overall duration of operations performed with the
prototype (Intel 486 DX2 66-MHz personal computer with
Turbo C Compiler) are summarized in Table II. From these
data one can observe that, with image display, an updating
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TABLE II
DURATION OF EACH OPERATION PERFORMED BY PROTOTYPE

64� 64 image transfer:
(from the digitizer PCB into the PC)

12.0 ms

edge detection: 13.7 ms
convolution on the 64� 64 image:
(with one 3� 3 matrix)

37.6 ms [optional]

computation of sinewaves amplitudes,
and transfers into the sound PCB’s:

10.6 ms

display of the processed image: 6.0 ms [optional]
real-time frame grabbing: 25 images/s
generation of the complex sound: 46 875 samples/s

Note: the frame grabber and sound generation PCB’s work independently from the PC’s
CPU.

Fig. 9. The 15 basic patterns used to produce, after repeated rotation of 45�

or 90�, the 50 patterns of the psychophysical experiment. Patterns in the upper
line were rotated at 45�. Patterns in the bottom line were rotated at 90�. In
brackets is indicated the amount of different items produced by these rotations.

rate of about 23.6 Hz is achieved without convolution and of
about 12.5 Hz with one convolution (respectively, 27.5 and
13.5 Hz without image display).

V. PRELIMINARY ASSESSMENT

We have made a preliminary evaluation of the prototype
with the segregated code [1]. The purpose of this study was
to train blindfolded sighted subjects to localize and recognize
visual patterns coded into sound using the experimental pro-
totype, and to assess their performance with training. A more
extensive assessment of the prosthesis is described in detail
elsewhere [2].

A. Method

The prototype configuration of the system used in these
experiments was the following: segregated code with two
levels of resolution, proportional intensity balance law, phase
difference law as described previously, and neither image
processing nor histogram equalization. Fifty stimuli of various
complexity were used for this experiment. These stimuli
were obtained from 15 basic patterns (see Fig. 9) whose
orientation varied by steps of 45(upper patterns) or 90
(bottom patterns). The stimuli were built using pixels of 22
mm and bars of 2 16 mm (corresponding to eight adjacent
pixels).

Twenty-four blindfolded sighted subjects were randomly
assorted into two groups of 12: the experimental and the
control groups. During the whole experiment, the 24 subjects
wore the head-fixed video camera (with a horizontal angle of

Fig. 10. Schedule of the training and evaluation sessions. Ovals above the
time line (T1–T10) represent the ten training sessions (experimental group
only). Ovals under the time line represent the four evaluation sessions (both
groups).

30 of arc), as well as the pair of headphones, connected to the
prototype. Subjects were always placed in blind conditions;
consequently, none of them ever saw any of the stimulus
patterns; they only heard the corresponding sounds. Subjects
were sitting at a table in front of a white board; the starting
“viewing” distance was about 0.25–0.30 m; consequently,
each stimulus could fit in the foveal zone of the twofold
artificial retina.

Only subjects in the experimental group underwent ten 1–h
individual training sessions. During each training session, they
were shown ten different patterns (since 50 patterns were used
during the training, all the patterns had been presented twice
at the end of the training). Subjects had to localize and then
to recognize, one after the other, the patterns corresponding to
the sounds they were hearing. Such a task involved active
exploration; subjects were, thus, encouraged to move the
head (left–right, up–down, and forward–backward) and to
take advantage of the sound changes in order to recognize
the stimulus structure. If necessary, subjects were advised by
the experimenter. Then, they had to construct their answer
using metallic strips representing pixels or bars inside a square
wooden frame. For each response, an experimenter provided
feedback. This feedback was given by means of the strips, as
if the subjects were blind.

All subjects were involved in four evaluation sessions, with-
out any feedback from experimenters. For the experimental
group, these sessions occurred before, during and after training
(see Fig. 10).

For the evaluation procedure, 25 patterns were randomly
chosen among the 50 used in the experiment. During the
evaluation sessions, subjects were randomly presented these 25
selected patterns, one after the other. Subjects had to identify
the pattern that matched the sound they were hearing, and
then to construct their response in the square wooden frame.
An experimenter recorded the response pattern. Subjects were
never told if the answer was correct or not. Each response was
assessed one if completely correct, or zero, otherwise. Thus,
the global score of an evaluation session ranged between zero
and a maximum of 25.
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Fig. 11. Performance (mean and standard deviation) of control and experimental groups at the four evaluation sessions. The score corresponds to the
mean number of recognized patterns for each group, using a binary assessment (wrong: 0; correct: 1). Statistical analyses performed on these data show
that performance of the naive subjects (control group) does not improve across the evaluation sessions, whereas trained subjects (experimental group)
performance is progressively and significantly better.

B. Results

Scores of both groups are presented in Fig. 11. Statistical
analyses were carried out and gave the following results
(probabilities are rounded to the third digit).

To assess the learning effect, a comparison between groups
for the scores was performed. A 2-D analysis of variance
(ANOVA) was computed. It was a 2 (group)4 (evalua-
tion sessions) analysis, where “group” is a between-subjects
factor and “evaluation sessions” is a within-subjects fac-
tor. Results showed that subjects in the experimental group
were significantly better than subjects in the control group
( ). There was also a significant
effect of the “evaluation sessions” variable (

), showing that performance improved across the
evaluation sessions. The interaction between the two variables
was also significant ( ), showing
that the effect of the “evaluation sessions” variable (i.e., the
training) was not the same for the two groups.

Student’s t-tests for paired observations were performed
separately for the two groups, with results obtained at the four
evaluation sessions. These tests showed that performance for
the experimental group significantly increased from session
one to session two ( ), from
session two to session three ( ),
and from session three to session four (

), as can be seen on Fig. 11. There was no significant
difference between performance of any pair of sessions for
the control group.

A posteriori tests performed on the “group” effect showed
that results of the two groups were similar at the first evalua-

tion session, but differed significantly at the second (
), third ( ),

and fourth ( ) evaluation sessions.
During the whole learning process, trained subjects performed,
thus, always significantly better than naive subjects.

C. Conclusion of the Preliminary Prototype Assessment

Results showed that performance of the naive subjects did
not improve from one evaluation session to the other, whereas
trained subjects performance progressively and significantly
improved. Moreover, the experimental group reached a sur-
prisingly high score of 80.7% of recognition (mean score
obtained at the last evaluation session) after only ten training
sessions; by comparison, the control group obtained a mean
score of 4.3% at the last evaluation session.

This preliminary prototype assessment demonstrates that
our implementation of the sensory substitution model allows
recognition of visual patterns through auditory substitution.

VI. DISCUSSION

Prototype design was based on three major constraints. First,
the prototype had to follow as much as possible the conceptual
model of visual prostheses [32]. Second, the prototype had
to work in real-time to allow sensory–motor interactions.
Last, the prototype had to be flexible and adaptable to allow
optimization of the sensory-substitution process.

Therefore, a PC-based system was developed, allowing
multiple parameter modification, as well as software adapta-
tion, if necessary. The computer also allowed user-friendly
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interactions during psychophysical experiments as well as
information storage capability (e.g., recording of experimental
sessions). The use of a portable, battery-powered PC with
slots for the image digitizing and sound generation PCB’s is
planned, to allow optimization of the prototype during field
evaluation.

The conceptual model of sensory substitution [32] provides
a theoretical background for sensory rehabilitation devices.
According to its definition, an implementation of this con-
ceptual model is apt to allow rehabilitation of all features of
vision, depending on the level of knowledge of the model of
vision. The model of vision used in the present system is rudi-
mentary and the maximum theoretical level of rehabilitation
is, thus, limited.

Even if extended models of visual and auditory systems
might be implemented, image resolution offered by the pros-
thesis has to be limited due to difference in information
capacity between audition and vision (see Section II-C). With
the artificial retina illustrated in Fig. 2(b), 208 sinusoidal tones
are generated. However, a better central resolution might
be achieved if the maximum frequency discrimination for
the human auditory system were exploited. According to
Zwicker [34], more than 600 tones might be discriminated
in the 50 Hz–15 kHz range, as used in the present prototype,
which would allow artificial retinae with better resolution. For
example, using the building scheme in Fig. 2(b), one could
build theoretical multiresolution retinae with three concentric
grids of 16 16 pixels, or five concentric grids of 1212
pixels, or seven (or more) concentric grids of 88 pixels.

The maximal effective image resolution due to the lim-
itations of the auditory system has already been addressed
(see Section III-D). The 600 discriminable tones may not be
all identified in a very complex image converted into sound.
Indeed, the implemented resolution of the multigrid going
beyond the limit of frequency discrimination, some loss of
available (auditory) information must be expected. Neverthe-
less, it is worthwhile to keep this overcrowded multigrid since
it will be useful with some particular images, such as scenes
containing few elements.

An important feature of the prototype described in the
present study is its ability to allow sequential evaluation
of the sensory substitution process. Indeed, the multiresolu-
tion processed image, resulting from the model of vision,
could be displayed on a head-mounted screen (SVGA card)
worn by sighted subjects. Sessions devoted to optimization
of the system could, thus, address the best possible visual
performance obtained when the prototype is limited to the
displayed image. In such conditions, the level of perfor-
mance reached during locomotion tasks, or during pattern
recognition tasks, would be informative upon the maximum
possible performance of the overall prosthesis. In a second
step, with the head-mounted screen removed, optimization of
the auditory processes of the prosthesis could be attempted.
The best possible performance to reach would then be the one
obtained with the prototype limited to the displayed image.
Further psychophysical experiments are planned to address
these separated optimization schemes.

Possible interference between normal auditory stimulations
and the substitutive signal from the prosthesis are a concern.
In the present system, edge-detection filtering greatly reduces
the number of pixels whose gray level differs from zero.
Accordingly, the mean brightness of an image (which is about
50% with an equal histogram) is greatly reduced after the
edge-detection filter (typical mean brightness is then between
about 10%–25%; for example, in the “Lenna” test image, mean
brightness after edge detection is 19.40%, or even 14.0% if
a Gaussian filter with radius of one pixel precedes the edge
detection). Since sinewave amplitudes are proportional to the
gray tones of the corresponding pixels, edge detection implies
a large reduction of the sound volume. Moreover, the intensity
level of the complex sound can be adjusted by the subjects.
With selective perception [31], a subject’s auditory attention
can select either the sound of the prosthesis, or external
auditory information such as speech. Since the masking effect
of a sound is directly dependent on its intensity [34], lowering
the prosthesis sound, thus, diminishes the masking effect of the
prosthesis against any external information and allows, thus, a
better selective perception. This was observed with the subjects
involved in the experiment. In fact, hints and comments
from the experimenter during the training sessions could help
subjects during their trials to recognize patterns. Finally, we
have noted that blind people using such a system with an
auditory output manifest some discomfort at the beginning,
but they rapidly get used, become familiar with the system,
and comment on their perception with the experimenter.

Very few image-to-sound mapping system descriptions have
been published so far. Among these, Meijer’s [26] is a time-
multiplexed sound representation of 6464 pixels images
(with 16 gray-tones per pixel), each image being converted
into sound during a time period of either 1.05 or 2.10 s
(depending on the required quality of the sound representa-
tion—see below). Starting from the left hand-side of the image,
the 64 columns are sequentially converted into sound, using
a pixel-frequency association, each column being converted
into sound during a period of 1/64 of image conversion time
(i.e., either 16.4 or 32.8 ms per column). For each pixel of
the image, the mapping, thus, translates, vertical position into
frequency, horizontal position into time, and brightness into
sinusoid amplitude. This image-to-sound mapping has sev-
eral similarities with our system: pixel-frequency association;
lower frequencies for lower pixels, and higher frequencies for
upper pixels; gray levels converted into sinusoids amplitudes.
On the other hand, our system does not use time-multiplexed
representation, but offers a direct and immediate coding,
allowing much faster image-to-sound mapping.

In comparison with our system, Meijer’s system offers
relatively good resolution (64 64 pixels) of the entire image.
On the contrary, our system provides high resolution only
in the central part of the image [see Fig. 2(b)], as in the
human retina.

Another difference relates to the refreshing rate. The time-
multiplexed system of Meijer can be considered as working
in real-time, but the refreshing rate (about one Hz) does not
allow rapid sensory–motor interactions, as required in several
tasks such as, e.g., mobility or reading.
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A last difference relates to the choice made by Meijer of
a time-multiplexed mapping code, which limits the refreshing
rate below 1 Hz for 64 64 images whatever the technology
used. This is a major limitation, which depends only on the res-
olution of the image. Indeed, following the crosstalk restricting
criterion [26], image resolution (i.e., the total number of pixels)
should not be greater than half the product of bandwidth
(5 kHz) and image conversion time. Indeed, a sinewave of
finite duration (e.g., 16.4 ms) is not a sinewave in a strict
sense; hence, image resolution is limited. Higher-resolution
images will, thus, imply slower refreshing rates. Moreover,
the inverse (sound-to-image) mapping shows preservation of
visual information in the sound representation of images, but
some information loss appears in the final reconstructed image
in case of a 1.05–s conversion time; this is due to the fact the
image resolution goes beyond the crosstalk criterion.

On the contrary, the refreshing rate of our system is only
limited because of technical constraints. With more powerful
processors, higher image resolutions up to a certain level, and
faster refreshing rates will be available. Moreover, provided
that the image is still or moves slowly, our system produces
true sinewaves.

Existing sensory aids for blind people are generally de-
voted to either pattern recognition, such as the Optacon [7],
or obstacle detection, such as the LaserCane [27], or the
Sonicguide [22] (see Section I for a short description of
these devices). On the contrary, the purpose of the present
prototype was to attempt global rehabilitation, i.e., rehabilita-
tion of several important functions of the unimpaired visual
system such as pattern recognition, movements detection,
spatial localization and orientation, mobility, etc. Indeed, in the
present system the video-camera potentially provides sufficient
information for most visual functions, and the conceptual
model of sensory substitution provides a potential means for
such a global rehabilitation. A nonspecific scheme such as
that of the present prototype is perhaps liable to provide
lower peculiar performance levels than specific systems like
the Optacon or the Sonicguide, but it would certainly be
more versatile.

Although the present system works with only one camera,
depth information can be obtained from changing relative
positions of the subject and his environment, associated with
knowledge about the common real size of recognized objects.
Monocular vision is known to provide good depth perception
[10], [19]. Therefore, an equivalent of binocular vision is
not obligatory. Nevertheless, the present “monocular” version
of the system is compatible with a possible extension to a
“binocular” version. For example, such a version involving
two cameras would translate left images in complex sounds
for the left ear, and right images in complex sounds for the
right ear.

Provided extensive psychophysical assessment would con-
firm the present results, an integrated version of the visual
prosthesis is planned. It would consist of a spectacle-fixed
miniature video camera or CCD device, and earphones or bone
conduction acoustic devices, connected to a belt worn elec-
tronic box. Using ASIC’s and hybrid technology, development
of a complete all-on-glasses system might also be considered.

VII. SUMMARY

We have developed an on-line, real-time functioning pro-
totype of a visual prosthesis. This experimental prototype is
a device based on a new model of sensory substitution of
vision by audition. Following this conceptual model, sensory
substitution is best achieved by coupling a model of the
deprived sensory system to an inverse model of the substitutive
system. Accordingly, the system implements a rough model
of the retina connected to an inverse linear model of the
cochlea, using a pixel-frequency association. Its ability to
process real images in real-time greatly enhances the decisive
learning phase, as well as sensory-motor interactions of users
with their natural environment. A user friendly interface,
including on-line parameter switching, and display of the
processed image, greatly helps to achieve psychophysical
optimization. The conceptual model of sensory substitution
has already undergone with success preliminary evaluation
in a pattern recognition task during psychophysical experi-
mentations, which demonstrated the usefulness of the present
experimental prototype.
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