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[57] ABSTRACT

Free-field-to-eardrum transfer functions (FETF’s) are devel-
oped by comparing auditory data for points in three-dimen-
sional space for a model ear and auditory data collected for
the same listening location:with a microphone. Each FETF
is represented as a weighted sum of frequency-dependent
functions obtained from an expansion of the measured
FETF’s covariance matrix. Spatial transformation charac-
teristic functions (STCF’s) are applied to transform the
weighted frequency-dependent factors to functions of spatial
variables for azimuth and elevation. A generalized spline
model is fit to each STCF to filter out noise and permit
interpolation of the STCF between measured points. Sound
is reproduced for a selected direction by synthesizing the
weighted frequency-dependent factors with the smoothed
and interpolated STCF’s.

27 Claims, 7 Drawing Sheets
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METHODS AND APPARATUS FOR
PRODUCING DIRECTIONAL SOUND

This invention was made with United States Government
support awarded by the National Institute of Health (NIH),
Grant No. R01 DC 00163. The United States Government
has certain rights in this invention.

This is a continuation of application Ser. No. 07/968,562,
filed Oct. 29, 1992, abandoned.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The field of the invention is methods and apparatus for
detecting and reproducing sound.

2. Description of the Background Art

Extensive physical and behavioral studies have revealed
that the external ear (including torso, head, pinna, and canal)
plays an important role in spatial hearing. It is known that
the external ear modifies the spectrum of incoming sound
according to incident angle of that sound. It is further known
that in the context of binaural hearing, the spectral difference
created by the external ears introduces important cues for
localizing sounds in addition to interaural time and intensity
differences. When the sound source is within the sagittal
plane, or in the case of monaural hearing, the spectral cues
provided by the external ear are utilized almost exclusively
by the auditory system to identify the location of the sound
source. The external ears also externalize the sound image.
Sounds presented binaurally with the original time and
intensity differences but without the spectral cues introduced
by the external ear are typically perceived as originating
inside the listener’s head.

Functional models of the external ear transformation
characteristics are of great interest for simulating realistic
auditory images over headphones. The problem of repro-
ducing sound as it would be heard in three-dimensional
space occurs in hearing research, high fidelity music repro-
duction, and voice communication.

Kistler and Wightman describe a methodology based on
free-field-to-eardrum transfer functions (FETF’s), also
known as head related transfer functions (HRTFs), in a paper
published in the Journal of the Acoustical Society of
America (March, 1992) pp. 1637-1647. This methodology
analyzes the amplitude spectrum and the results represent up
to 90% of the energy in the measured FETF amplitude. This
methodology does not provide for interpolation of the
FETF’s between measured points in the spherical auditory
space around the listener’s head, or represent the FETF
phase.

For further background art in the relevant area of auditory
research, reference is made to the Introduction portion of our
article, “External Ear Transfer Function Modeling: A Beam-
forming Approach”, published in the Journal of the Acous-
tical Society of America, vol. 92, no. 4, Pt. 1 (Oct. 30, 1992)
pages 1933-1944.

SUMMARY OF THE INVENTION

The invention is incorporated in methods and apparatus
for recording and playback of sound, and sound recordings,
in which a non-directional sound is processed for hearing as
a directional sound over earphones.

Using measured data, a model of the external ear transfer
function is derived, in which frequency dependance is
separated from spatial dependance. A plurality of frequency-
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dependent functions are weighted and summed to represent
the external ear transfer function. The weights are made a
function of direction. Sounds that carry no directional cues
are perceived as though they are coming from a specific
direction when processed according to the signal processing
techniques disclosed and claimed herein.

With the invention, auditory information takes on a spatial
three-dimensional character. The methods and apparatus of
the invention can be applied when a listener, such as a pilot,
astronaut or sonar operator needs directional information,
presented over earphones or they can be used to enhance the
pleasurable effects of listening to recorded music over
earphones.

Other objects and advantages, besides those discussed
above, shall be apparent to those of ordinary skill in the art
from the description of the preferred embodiment which
follows. In the description, reference is made to the accom-
panying drawings, which form a part hereof, and which
illustrate examples of the invention. Such examples, how-
ever, are not exhaustive of the various embodiments of the
invention, and therefore reference is made to the claims
which follow the description for determining the scope of
the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a diagram showing how sound data is collected
according to the present invention;

FIGS. 2a-2j are spectral graphs of sound collected in FIG.
1 or interpolated relative to data collected in FIG. 1;

FIG. 3 is a block diagram of the apparatus used to record
sound data as depicted in FIGS. 1 and 2;

FIG. 4 is a flow chart showing the steps in producing a
sound according to the present invention;

FIG. 5a is a functional circuit diagram showing how a
directional sound is synthesized with the apparatus of FIG.
6;

FIG. 5b is a functional circuit diagram showing a second
method for synthesizing sound with the apparatus of FIG. 6;
and

FIG. 6 is a block diagram showing apparatus for produc-
ing a directional sound according to the present invention.

DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENTS

Referring to FIG. 1, the invention utilizes data measured
in three-dimensional space relative to a typical human ear.
The measurements may be conducted on a human subject, if
a specific subject ear is required, or with a special manikin
head 10, such as a KEMAR™ head, which represents a
typical human ear. The spherical space around the head is
described in terms of spherical coordinates 6 and ¢. The
variable 0 represents azimuth angle readings relative to a
vertical midline plane defined by axes 11 and 12 between the
two ears (with angles to the right of the midline plane in FIG.
1 being positive angles and with angles to the left being
negative angles). The variable ¢ represents elevation read-
ings relative to a horizontal plane passing through the axes
12 and 13 and the center of the ears (above this plane being
a positive angle and below this plane being a negative
angle). Isoazimuth and isoelevation lines 14 are shown in
20° increments in FIG. 1. A speaker 15 is moved to various
positions and generates a broadband sound.
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The ear sound is measured using the subject’s ear or
manikin’s head 10 by placing a microphone in one ear to
record sound as it would be heard by a listener. Data can be
taken for both ears. To develop a free-field-to-ear transfer
function, sound is also measured without the effects of the
ear, by removing the subject’s ear or manikin’s head 10 and
detecting sound at the ear’s previous location. This is “free
field” sound data. Both measurements are repeated for
various speaker locations. Standard signal processing meth-
ods are used to determine the transfer function between the
ear and the free-field data at each location.

FIGS. 2a, 2¢, 2e, 2g and 2i shows a series of spectral
sound graphs (amplitude vs. frequency) for a series of
readings for 18.5° elevation, and varying azimuth angles
from 0° to 36°. The readings were taken at 9° intervals. A
shift in spectral peaks and valleys is observed as the origin
of the sound is moved. FIGS. 2b, 24, 2f, 2h and 2j show
values which have been interpolated using the data and
methodology described herein.

FIG. 3 illustrates the apparatus for collecting sound data
for free-field and ear canal recording. The subject 10 and a
movable speaker 15 are placed in a chamber 16 for sound
recording. A personal computer 20, such as the IBM PC AT
or an AT-compatible computer, includes a bulk memory 21,
such as a CD-ROM or one or more large capacity hard
drives. Microphones 23a, 23b are placed in the subject’s or
manikin’s ears. The sound is processed through an amplifier

_and equalizer unit 24 external to the computer 20 and analog
band pass filtering circuitry 27 to an A-to-D converter
portion 22a of a signal processing board in the computer
chassis. There, the analog signals of the type seen in FIG. 2
are converted to a plurality of sampled, digitized readings.
Readings are taken at as many as 2000 or more locations on
the sphere around the manikin head 10. This may require
data storage capacity on the order of 70 Megabytes.

The computer 20 generates the test sound through a sound
generator portion 22b of the signal processing board. The
electrical signal is processed through power amplifier cir-
cuitry 25 and attenuator circuitry 26 to raise the generated
sound to the proper power level. The sound-generating
signal, which is typically a square wave pulse of 30~100
microseconds in duration or other broadband signal is then
applied through the speaker 15 to generate the test sound.
The speaker 15 is moved from point to point as shown in
FIG. 1.

In an alternative embodiment for recording spatial sound
data, a VAX 3200 computer is used with an ADQ-32 signal
processing board.

In methods and apparatus for recording and playing back
simulated directional sound over earphones, an audio input
signal is passed through a filter whose frequency response
models the free field-to-eardrum transfer function. This filter
is obtained as a weighted combination of basic filters where
the weights are a function of the selected spatial direction.

FIG. 4 illustrates how sound data collected in FIGS. 1-3
is processed to determine the basic filters and weights used
to impart spatial characteristics to sound according to the
present invention. The sound data has been input and stored
for a plurality of specific speaker locations, as many as 2000
or more, for both free field, R(w, 0, ¢), and ear canal
recording, E(w, 6, ¢). This is represented by input block 31
in FIG. 4. This data typically contains noise, measurement
errors and artifacts from the detection of sound. Conven-
tional, known signal processing techniques are used to
develop a free-field-to-ear transfer function H (w, 6, ¢), as
represented by process block 32 in FIG. 4, which is a
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function of frequency ®, at some azimuth 6 and some
elevation ¢. This block 32 is executed by a program written
in MATLAB and C programming language running on a
SUN/SPARC 2 computer. MATLAB™, version 3.5, is avail-
able from the Math Works, Incs, Natick, Mass. A similar
program could be written for the AT-compatible computer 20
or other computers to execute this block.

IfH (w, 6, ¢) is the measured FETF at some azimuth 6 and
elevation ¢, the overall model response, I:I(co, 0, 0), can be
expressed as the following equation:

o= 5 w(e.4)+ 1) ®

=1
Note that the model separates frequency-dependence char-
acterized by the basic filters, represented by t{(®)(i=0, 1, .

. » D), also referred to as eigenfilters (EF’s), from the
spatial-dependence represented by weights, w0, ¢) (i=1, .

., p)- These weights are termed spatial transformation
characteristic functions (STCF’s). This provides a two-step
procedure for determining H (w, 6, ¢) provided that the
above equation can be solved for t,(®) and w40, ¢).

The present invention provides the methods and apparatus
to determine EF’s and STCF’s, so that the model response
H (w, 6, ¢) is a good approximation to H (w, 6, ¢).

In practical digital signal processing instruments, discrete
sampled quantities must be utilized. The discrete version of
the model response can be conveniently represented using
vector notation, where vectors are represented in boldface.

Let H(6, ¢) and t; be N dimensional vectors whose
elements are N samples in frequency of the measured FETF°®
s, H (, 6, 9), and N samples in frequency of the eigenfilters
{t{w), i=0,1, . . ., p}. The value for N is typically 256
although larger or smaller values could also be used. N
should be sufficiently large so that the eigenfilters are well
described by the samples of t(w). The sampled modeled
response filter function can be represented in vector form as

09)= & @9 +1o @
where H(8,0), t, and t, are N dimensional vectors. The
eigenfilters {t,, i=1,2 . . ., p} are chosen as eigenvectors
corresponding to the p largest eigenvalues of a sample
covariance matrix X, formed from the spatial samples of the
FETF frequency vectors H(®, ¢). The eigenfilter t, is chosen
as the sample mean H formed from the spatial samples of
FETF frequency vectors H(6, ¢). If H(6;, ¢,) represents the
measured FETF at the azimuth elevation pair (6;, ¢,) and
providing that j=1, ..., L, k=1,..., M, where LxM is on
the order of 2000, the covariance matrix X, of FETF
samples is given by
L M
3

z

1 @
M =1 k=1

oCH 800 — H) (H(Bj.01) — )Y

s}

where H, the sample mean, is expressed as follows:

5 ¥ he @
] (8):91)

Z__1
H=T

In equation (2) the superscript “H” denotes a complex
conjugate transpose operation. The non-negative weighting
factor oy, is used to emphasize the relative importance of
some directions over others. If all directions are equally
important, o=1, forj=1,...,. L k=1,...,M.

The EF vectors {t; (i=1, 2, . . ., p)} satisfy the following
eigenvalue problem

Ttk b C)]

where i=1, . . . , p and where A, are the “p” largest
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