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A signal-processing algorithm that modifies the interaural time delays associated with
directional sources is described. Signals received at two microphones are processed by four
linear filters arranged in a lattice configuration to produce two outputs, one for each ear. Since
the processing is linear, the method is equally applicable to single or multiple directional
sources. The filters are designed to minimize the average squared error between a user specified
desired space warping function and the actual warping function that they implement. Two
classes of filters are considered: filters whose frequency response is unconstrained and filters
constrained to be causal with finite impulse response. In both cases the solution to the least-
squares problem is given and properties of the actual space warping function are examined.
Perceptual experiments and analysis of acoustic waveforms are utilized to demonstrate the
effectivenessof the algorithm. Extension of this method for utilizing more than two
microphones is described.

PACS numbers: 43.66.Qp, 43.66.Pn, 43.66.Nm, 43.60.Gk [WAY]

INTRODUCTION

An individual's ability to organize auditory space is
greatly enhanced by having two channels of acoustic input.
Central processing for localization depends upon neural in-
teraction between these channels in the auditory brain stem.
Most theories of binaural processing originate from the neu-
ral network model of Jeffress (1948, 1972). In general, a
bank of peripheral auditory bandpass filters partitions the
incoming acoustic signal into channels of nerve fiber activ-
ity. Each channel is cross correlated with the contralateral
channel having the same corresponding center frequency.
Central processes subsequently map the degree of interaural
coincidence to the perception of the sound source location in
the lateral plane. It has been suggested that the consistency
of coincidence patterns across different frequencies is also
important in attributing the patterns to a unique, realizable
soundsource (Stern et al., 1988).

This paper describes the development of a binaural sig-
nal-processing algorithm designed to effectively "expand"
the lateral plane represented by the neural interaction. Sig-
nals received at a pair of microphones are processed with the
goal of changing the apparent spatial separation between
signals arriving from different directions. The processed sig-
nals are presented via right and left channels to the listener.

This work was motivated by the desire to assist the lis-
tener in environments where they have greatest difficulty in
understanding speech. These environments are often char-
acterized by multiple competing speakers. In contrast to
many noise reduction approaches, this signal-processing al-
gorithm does not attempt to improve the acoustic signal to
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noise ratio by removing interfering sources, but instead ef-
fectively moves them to a more peripheral region of auditory
space. The listener is provided with an auditory space that
may afford improved spatial segregation analogous to the
phenomenon of auditory stream segregation (Bregman and
Campbell, 1971; Bregman, 1990). The organization of the
auditory space is performed by the listener; the algorithm
only changes the auditory cues that describe source location.

Several multimicrophone signal-processing schemes
have been proposed over the years for modifying the listner's
perception of the auditory space. Mitchell et al. (1971) sug-
gested a nonlinear signal-processing circUlt that preserved
the on-center speech while distorting off-center speech, thus
rendering the on-center speech relatively more intelligible.
While their technique exploits a multimicrophone input, the
signal delivered to the listener is monaural. Durlach and
Pang's (1986) philosophy is more closely aligned with our
strategy. They propose a method for magnifying interaural
differences by transforming the complex spectra (magni-
tude and phase) at each ear. The spectra are raised to powers
in an attempt to increase the relative phase between the two
ears. Although this operation effectively moves a single off-
center source, it breaks down with multiple off-center
sources. Increasing the relative phase between the signals
received at the two ears does not guarantee that any of the
sources will move further off-center when multiple sources
are present.

The technique proposed here uses linear transforma-
tions of the signals at each ear to accomplish source move-
ment. Given a desired space expansion function, a least-
squares procedure is employed to design filters that
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minimize the squared error between the actual and desired
expansion functions. Note that, since the processing is lin-
ear, the superposition principle dictates that the output for
multiple sources is the sum ofthe outputs due to each source
alone. Thus this approach is equally effective with single or
multiple sources. We derive the minimum mean-squared-
error solution for unconstrained filters and for filters con-
strained to be finite impulse response (FIR). Perceptual
studies and analysis of the binaural acoustic waveforms are
utilized to demonstrate the effectivenessof this technique at
moving the perceived location of sources. We only consider
modification of interaural time delay; however, this ap-
proach is easily extended (in theory) to also include inter-
aural amplitude differences. It is also straightforward to ex-
tend this technique to design filters when more than two
microphones are available.

The paper is organized as follows. Section I formulates
the least-squares filter design problem and discusses its solu-
tion in the frequency domain, corresponding to uncon-
strained filter design. This provides an upper bound on the
mean-squared error performance of this method. The filters
are constrained to be FIR and an algorithm is given for their
design in Sec. II. Sections I and II discuss properties of the
approximation error for the unconstrained and FIR cases
and present an example. Perceptual experiments employed
to measure the effectivenessof the algorithm on speech are
described in Sec. III. Acoustic analyses of the experimental
stimuli are presented in Sec. IV to support the results of the
perceptual experiments. Conclusions are given in Sec. V.

I. LEAST-SQUARESFREQUENCY-DOMAIN
INTERAURALMAGNIFICATION

In the present work, we consider only manipulation of
interaural time delays. It is well known that interaural time
delay represents the primary localization clue for sound fre-
quencies below 1kHz (Kuhn, 1987). Interaural magnitude
differences resulting from head shadowing and filtering by
the pinna are the primary localization clue for frequencies
above 1 kHz (Kuhn, 1987). Extension of this method to
incorporate interaural magnitude differences is indicated.

Consider the situation depicted in Fig. 1. The sound
source s(t) is located at an angle of e relative to the perpen-
dicular between the two sensors. Assuming plane-wave
propagation and omnidirectional sensors, the signal re-
ceived at sensor 1 is XI (t) = s(t + r), while that at sensor 2
isX2(t) = s(t - r). Here,r = d sin e /2c andwehaverefer-

~ velocity c

[::> Xl (t)

d

[::> xit)

FIG. 1. Sound source relative to two sensors.
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enced the time origin (t = 0) of s(t) to the midpoint between
the sensors. This implies that the interaural time delay Tis
T = 2r. In order to accomplish interaural magnification, we
seek an algorithm that will produce output signals
YI (t) = s[t + f( r)] and Y2 (t) = s[t - f( r)] in channels 1
and 2, respectively, wheref( r) > ris a function representing
the interaural time delay expansion. A simple example is
f( r) =2r, which represents a doublingof interaural time
delay. Note that it is possible to choose functionsf( r) which
do not correspond to physically realizable angles. If we re-
strict - 90 < e < 90, then restricting - d /2c <f( r) < d /2c
will ensure that the magnified time delay corresponds to a
physical source location. Angles greater than 90 deg cannot
be distinguished from those less than 90 deg using only time
delay information.

Let the Fourier transform of s(t) be given by Sew).
Time delays correspond to linear phase shifts in the frequen-
cy domain so XI (w) = S(w)eiCtJT,X2 (w) = S(w)e-jCtJT,
YI (w) = S(w )eiwJ(r>,Y2(w) = S(w)e - j(uf(r). Thus we de-
sire an algorithm such that

[

ei(vr

] [

ei(uf( r)

]Sew) e-jwr -Sew) e~Fuf(r) . (1)

The class of algorithms that we shall consider consists of
fourlinear filtersHI (w), H2 (w), GI (w), and G2(w), which
are configured in a lattice section as illustrated in Fig. 2.
Now,

[

YI (W)

]

=
[

HI (w)

Y2(w) H2(w)

GI (W)

] [

XI (W)

]
,

G2 (w) X2 (w)
(2)

so the single-input multiple-output transfer function result-
ing from propagation to the sensors and processing is

[

rl (w,r)

] [

HI (w)
r(w,r) = =

r2(w,r) H2 (w)

GI (w)

]
d(W,r),

G2(w) (3a)

where

d(w,b) =
[

ei(v.b
]e - j(vb .

(3b)

Notationally, boldface lower and upper case symbols repre-
sent vector and matrix quantities, respectively. The super-
script - 1 denotes matrix inverse, superscript H denotes
comp~ex conjugate transpose, and the superscript asterisk
(*) denotes element by element complex conjugate. Note

Xl

yz

Yl

Xz

FIG. 2. Binaural filter network.
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that r(w,T) is termed the transfer function because the spec-
trum of the outputs is the product ofr(w,T) and Sew):

[

YI (W)

]
= S(w )r(w,T).

Y2 (w)

The processing method proposed here is linear so the
principle of superposition applies when multiple sources are
present. Suppose there are two sources SI (w) and S2 (w)
located at angles that correspond to time delays TI and T2 so

[

XI (W)

]
= SI (W)d(W,TI) + S2 (W)d(W,T2)'

X2 (w)

Using (2) and (3a) and (3b), we have

[

YI (W)

]
= SI (w )r(w,TI ) + S2 (w )r(w,T2 ).

Y2 (w)

Each source is processed as if it were the only source present;
i.e., interaural magnification is applied independently to
each source. This is a significant advantage over the nonlin-

ear processing scheme proposed by Durlach and Pang
( 1986). Furthermore, the characteristics of the processing
are independent of the source spectral content.

In general, we do not expect to find filters that imple-
ment the mapping (1) exactly over arbitrary ranges of w, T,
with arbitrary f( T). Thus we consider choosing HI, GI , H2,
and G2 such that r (w, T) ::::::d [w, f( T) ]. This problem is
solved here using a minimum mean-squared error criterion.
Define the errors el (W,T) and e2 (W,T) as

[

HI (w)

l

eI (W,T)

] = d[w,f(T)] - H2 (w)e2 (W,T)

GI(W)

]G
d(W,T).

2(W)
(4)

Modification of (4) to design filters that effect interaural
magnitude differences is accomplished by replacing
d[w,f( T)] with

[

al [w,f( T) ]ei«)f(T)

]a2 [W,f(T)]e-j«Jj(T) ,

where aj [w,f( T)], i = 1,2, is the desired interaural magni-
tude in the ith channel as a function of frequency and warped
direction. As stated previously, in the work presented here,
we assume aj [w,f( T)] = 1.

Let Ta<;T<;Tb represent the sector of directions to be
expanded. We seek filters that solve

i
T/>

min lei(W,T)12dT, i = 1,2.
H"Gj T"

Note that a non-negative weighting function can be inserted
into the integrand to emphasize some frequencies andl or
directions over others. Equation (5) represents a standard
least-squares problem with solution

[Hj(w) Gj(w)] =p;(w)R-'(w), i= 1,2, (6a)

where the matrix R(w) and vectors pj (w), i = 1,2are given
by

R(cu) = i~" d(cu,r) dH(cu,r)dr,
(6b)
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{TIJ

PI (w) = J" eiwf(T)dH(w,T)dT,

i
TIJ

P2 (w) = e-jwf(T)dH(w,T)dT.
T"

The squared error for the solution in (6a) is given by

rIJ

J, lei (W,T) 12dT = Tb - Ta - pj (w)R - I (w )pf (w).T"

(7)

It is straightforward to show that el (W,T) and e2 (W,T)

are related and that [HI (w)GI (w)] and [H2 (w)G2 (w)]
are related. Express el (W,T) as

el (W,T) = eiW!(T)- eiWTHI (w) - e-jWTGI (w).

(6c)

(8)

Note that

ef(w,T) = e-jwf(T) - eiWTGf(w) - e-jWTHf(w)

is of the same form as

(9)

e2 (W,T) = e -jc<Jj(T)- ei«)TH2(w) - e -jWTG2(w). (10)

Thus, if HI (w) and GI (w) minimize (5) for i = 1,then (9)
and (10) indicate that H2 (w) = G f (w) and
G2(w) =Hf(w) minimize (5) for i=2 since

le2 (W,T) 12= lef(w,T) 12= leI (W,T) 12.
This also implies r2 (W,T) = r f(W,T); thus, the magni-

tude distortion is identical in each ear, while the phase dis-
tortion has the opposite sign in each ear. Equal transfer func-
tion magnitudes indicate that the signal processing does not
artificially introduce a head shadow effect where the signal
at one ear is louder than the other. Deviation of the desired

transfer functions from unity simply appears as equal spec-
tral distortion of the signal in each channel. The opposite
sign relationship between the transfer function phases mi-
mics the relationship between the desired transfer function
phases, wf( T) and - wf( T). If the transfer function phases
are nonlinear in w for fixed T, then the sound at one frequen-
cy appears to arrive from one direction, while the sound at
another frequency appears to arrive from another direction.
However, the opposite sign relationship ensures that the
sound at each frequency appears to arrive from physically
realizable directions.

It can be shown that HI (w), H2(w), GI(w), and
G2(w) are real (zero phase) ifTb = - Ta andf(T) is an odd
function. The following example illustrates this characteris-
tic.

(5)
Assume that c = 345 mis, d = 17 cm, - 90 < e < 90,

andf( T) = 2T. The maximum interaural delay in this case is
Tmax = 500 fls. Thus set Tb = - Ta = 125 fls. This repre-
sents a linear expansion of a symmetric sector into the full
range of physically possible T. The solutions for HI (w) and
GI (w) as given in (6a) are plotted in Fig. 3 for frequencies
up to 1 kHz. From the previous results in this section, we
have H2 (w) = GI (w) and G2 (w) = HI (w). Figure 4(a)
and (b) depicts the magnitude and phase of rl (W,T) for sev-
eral values of T. Ideally, the magnitude of rl (W,T) would be
unity and the phase 2WT. Note that both the magnitude and
the phase deviate from the ideal. Recall '\ that
rl (W,T) = r r(W,T) so the magnitude distortion is identical
in both ears, while the phase distortion is opposite in sign.
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FIG. 3. Plot of HI (w) and G, (w) for linear expansion by a factor of2.

Except for 7 = 100 f.1,s and 7 = 125 f.1,s,the phase is approxi-

mately linear in frequency, which indicates that the trans-
formed source does not undergo spreading in space; it re-
mains compact. Nonlinear phase indicates the sound at one
frequency appears to arrive from one direction while the
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FIG. 4. (a) Magnitude of rl (W,T) as a function of frequency for several
values ofT. (b) Ideal (- - -) and actual (-) phase ofrl (W,T) as a function
of frequency for several values ofT; HI (w) and GI (w) are designed for
linear expansion by a factor of 2 and are depicted in Fig. 3.
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sound at another frequency arrives from another direction.
The phase response is converted to interaural time delay as a
function of frequency in Fig. 5 for several values of 7. The
desired interaural time delay is constant over frequency and
is given by T = 2f( 7) = 47.

This approach is easily extended to utilize more than
two microphones. For example, if there are four micro-
phones available, then eight filters would be used to form a
four-input two-output system. For the purposes of illustra-
tion, assume that four microphones are arranged in a linear
equal-spaced geometry and that the midpoint of the array is
the zero time reference for s(t). The signals received at the
four microphones are then given by s(t + 37), s(t + 7),
s(t - 7), and s(t - 37). Following the reasoning used to ob-
tain (3a), we have

[

HI (ill)
r(ill,7) =

H2 (ill)

GI (ill)

G2 (ill)

FI (ill)

F2 (ill)

where

d4 (ill,7) =

ei3lrJT

eiWT

e - jlrJT

e - j3lrJT

Define errors

[

el (ill,7)

]e2 (ill, 7)

= d[ill,f( 7)]

-
[

HI (ill)

H2 (ill)

GI (ill)

G2 (ill)

F1 (ill)

F2 (ill)

E, (OJ) ]d4 (OJ,T),
E2 (ill) (lla)

(lIb)

EI (ill)

]
d4 (ill,7).

E2 (ill) (l2 )

Minimizing the mean-squared errors as in (5) produces a
solution of the same form as (6a):

[Hi (ill) Gi (ill) Fi (ill) Ei (ill) ]

= Pi (ill)R - I(ill), i = 1,2, ( 13a)

- - - - - - - - - - - - - n n- U - n - u- -- --_u- uuu - - - - _u- _u- - - -- - u_uu - u - - - --

125~s
l00~

~--_uuuu_u_u__u_uuuu--_nuuu nu-l 75 ~

300 400 500100 200

Frequency (Hz)

50~s

----- u__n U_------------ 25~s

600 700

O~s
.J

900 1000800

FIG. 5. Ideal (- - -) and actual (-) interaural time delay as a function of
frequency for several values ofT; HI (w) and GI (w) are designed for linear
expansion by a factor of 2 and are depicted in Fig. 3.
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where now the matrix R (m) and the vectors Pi(m), i = 1,2
are given by

R(m) = r" d4(m,7)d~ (m,7)d7,
J"

PI (m) = rb eiWf(T)d~(m,7)d7,
J"

iTb

P2 (m) = e - j(uf(T)d~ (m,7)d7.
T"

The solution for an arbitrary geometry and number of mi-
crophones is of the same form as (13a) with the appropri-
ately defined time delay vector replacing d4 (m,7). Use of
additional microphones offers the potential for substantially
more accurate warping of the auditory space at the expense
of additional computational burden.

(13b)

( Bc )

II.LEAST-SQUARESFIRFILTERSOLUTION

The frequency responses obtained in the previous sec-
tion are not directly amenable to implementation with exist-
ing hardware. Thus, in this section, we constrain each of the
filters to be FIR with P + 1 coefficients.One could design
FIR filters to approximate the frequency responses obtained
in Sec. I using established FIR filter design techniques.
However, instead, we reformulate the least-squares problem
to optimize the FIR filters directly. This results in less error
than a two-stage approximation approach.

The frequency response H(m) of an FIR filter whose
impulse response is represented by the P + 1vector h is giv-
en by

H(m) = vH(m )h,

where

(14)

vH(m) = [1 e-jw e-j2w... e-jPW].

Let hI , h2, gl , and g2 be length P + 1vectors whose elements
represent the impulse response sequences of filters HI (m),
H2 (m), GI (m), and G2 (m) in Fig. 2. Analogous to (4),
define errors el (m,7) and e2 (m,7) as

[

el (m,7)

]
= eitP({u)d[m,!(7)]

e2 (m,7)

-
[

VB (m )hl

vH (m )h2

vH(m)gl

]
d(m,7).

vH (m )g2
(15)

The phase factor eitP({u)is included in the desired response in
( 15) to reduce the approximation error when the filters are
constrained to be causal. This is not necessary for the prob-
lem posed in the previous section because the frequency re-
sponses of the optimum filters are unconstrained. However,
with causal FIR filters the phase must be negative, and a
large error results when a causal FIR filter is used to ap-
proximate zero or positive phase. Recall from the previous
section that an entire class of unconstrained filters have zero
phase. The phase factor in ( 15) does not change the relative
phase between the two channels and thus does not affect
perceived direction. If cP(m) is a linear function of m, then it
corresponds to introducing an identical time delay in each

235 J. Acoust. Soc. Am., Vol. 90, No.1, July 1991

channel. Throughout this paper, we only consider linear
cp(m).

For practical applications we require that hi and go
i = 1,2, be real. Re-express el (m,7) as

e, (w,r) = ell""">+ "ftr)] - d;'(w,r) [:: ] ,
(16)

where d~(liJ,7) = [eiWTVH({U)e-j6JTyH(liJ)]. Since the ele-
ments ofd~(m,7) are complex exponentials, d~(m,7) can be
expressed as the sum of a vector of cosines and a vector of
SlUes:

d~(m,7) = c~(m,1")+ js~(m,7); (17)

i.e., c~(m,7) = reaI{d~(m,7)} and js~(m,7)
= imaginary{d~(m,7)}. Substituting into (16) and assum-
ing hI and gl are real yield

e, (liJ,r) = {cos [~(liJ)+ liJf( r)] - c~(liJ, r) [:: ]}

+ j {sin [q}«d) + a>[(1")] - s;' (ai, 1")[:: ]} .
(18a)

Similarly, e2 (m,7) is expressed as

e,(lUoT) = {COS[~(lU)-lU!(T)]-C:I(lU,T)[::]}

+ j {8in[~(lU) - lUI( r)] - 8;'(lU,r) [::]}.
(18b)

Minimizing the average-squared error over a band of
frequencies ma<m<mband sector of directions 7a<7<7b'we
seek filters that solve

min ru" r" lei(m,7) 12d7 dm,
hi,g, )"", )T"

i = 1,2. (19)

In general, the integrals in (19) cannot be evaluated in
closed form. Thus we approximate (19) by minimizing the
error over a discrete set of points mk' k = 1,2,...,K, 1"m'
m = 1,2,...,M, where ma<mk<mband 70<7 m<7b:

K M

min I I !ei(mk,7m)12,
hi,gik=lm=1

i = 1,2. (20)

The differencebetween the solutions to ( 19) and (20) can be
made arbitrarily small by choosing K and M sufficiently
large. In general, we assume KM> 2P + 2. Substitute ( 18a)
and (18b) and rewrite (20) in matrix form as

[

h

]

112

Hlln
ll

ai-D /

II

'
h, ,g, g/ 2

i = 1,2. (21)

Here,
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Equation (21) representsa standardleastsquaresprob-
lem involving 2KM equations and 2P + 2 unknowns (Law-
son and Hanson, 1974). Let the matrix D have singular val-
ue decomposition (SVD)

r

D = I O"kUkV:!,
k=1

(23)

where r is the rank ofD, Uk and Vkare the left and right k th
singular vectors, and 0"k is the k th singular value of D. The
solution to (21) is expressed in terms of the SVD as

r

ho

]

r

I = I O"k-Ivku:!ai, i= 1,2.
gi k = I

In general, r depends on cuk , k = 1,2,...,K, and Tm,
j = 1,2,...,M; however, it is always less than or equal to
min{2P + 2, 2KM}. The mean-squared error using thesolu-
tion (24) is givenby

(24)

r

ho

]
IIZ.

D
I

mm ai-
hi ,gi II gi II z

= Ila{I- k~1UkU:!)II:' i= 1,2.
(25)

This is the projection of ai onto the 2KM - r dimensional
null space ofDT.

In practice, numerical evaluation of the SVD will not
yield exactly zero singular values, so we choose r based on
the number of singular values that exceed a specified thresh-
old. The solutionin (24) is dependenton the inverseof the
singular values. Thus very small singular values tend to pro-
duce numerically large coefficients in hi and gi' Note that
(25) indicates that reducing rincreases the error, so there is
a trade-off between coefficient norm and error.

There is a relationship between the four FIR filters simi-
lar to the relationship between the unconstrained filters in
Sec.I. Assumethat P is evenand let <p(cu)= - Pcu/2. Ex-
press el (CU,T)as

el (CU,T) = e - jPl...12[eil<Jf(T) - eiltlTHI (cu)

- e-jltlTGI (cu)], (26)
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where we define Hi (cu) = eiPwl2Hi (cu )

= eiPwl2Gi(cu). Now,

eT(cu,T) = e-jPwIZ[ e-jl<Jf(T) - eiltlTGT(cu)

- e-jltlTHT(cu)],

which is of the same form as

ez (CU,T)= e-jPWIZ[ e-jl<Jf(T) - eiltlTHz (cu)

- e - jltlTGz (cu) ].

and Gi (cu)

(27)

(28)

Thus, if HI (cu) and GI (cu) minimize the mean-squared val-
ue of el (CU,T),then- -

Hz (cu) = GT(cu)

and - -
Gz(cu) =HT(cu)

(29a)

(29b)

minimize the mean-squared value of ez (CU,T). Equations
(29a) and (29b) imply

Hz (cu) = e-j""PGT(cu)

and

Gz(cu) = e-j""PHT(cu). (30b)

ThesesolutionsareonlyvalidifHz (cu)andGz(cu)cor-
respond to length P FIR filters. Let the inverse discrete
Fourier transforms of HI (cu) and GI (cu) be sequences
hI (n) and gl (n). Note that the values hI (n) and gl (n),
O<,n<,P,are represented by the elements of hI and gl; all the
other values in the sequence are zero; hI (n) and g I (n) are
real-valued sequences so complex conjugation in the fre-
quency domain corresponds to reflection about zero in the
sequence domain. Multiplication by e - jl...Pcorresponds to a
delay of P samples in the sequence domain so (30a) and
( 30b) imply

hz(n) =gl (P-n)

and

gz (n) = hI (P- n).
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cos[ <P(CUI) + CUI!( TI )] COs [<P(CUI) - CUI!( TI )] C{;(CUI ,T I )

sin [ <P(CUI) + CUI!( TI )] sin [<P(CUI) - CUI!( TI )] s{;(CUI,TI )

cos [<p(cuz ) + wJ( TI )] cos [ <p(cuz ) - cuJ( T I ) ] c{; (cuz,TI )

sin [ <p(cuz) + cuJ( TI ) ] sin [ <p(cuz)- cuJ( TI )] S(CUz,TI ). .. .. .
cos [<P(CUK)+ CUK!( TI )] cos [<P(CUK)- CUK!( TI )] C{;(CUK,TI )

sin [ <p(cuK) + cuK!( T I )] sin [<P(WK) - cuK!( TI )] S{;(CUK,TI)

al = I cos[<P(CUI) + cul!(Tz )] , az= cos[<P(CUI) - CUI!(Tz )] , D= c (CUI,Tz ) I. (22)

sin [<p(cul) + CUI!(Tz )] sin [<p(cul ) - CUI!( Tz)] s(cul ,Tz). .. .. .
cOS[<P(CUK)+CUK!(Tz)] cOS[<P(CUK)-CUK!(Tz)] c (w K,Tz )

sin [<p(cuK) + cuK!( Tz )] sin [<p(cuK) - cuK!( Tz)] S(CUK,Tz). .. .. .
cOS[<P(CUK) +CUK!(TM)] cOS[<P(CUK) -CUK!(TM)] C(CUK,TM)

sin [<P(CUK)+ cuK!( TM)] sin [<p (cuK) - cuK!( TM)] S(CUK,TM)



Thus hz (n) and gz (n) are nonzero only on O<n<P so
Hz (cu)and Gz(cu) as given by (30a) and (30b) correspond
to valid FIR filters. In matrix notation,

hz = JgI , (32a)

and

gz = Jh., (32b)

where J is the matrix that turns vectors "upside down":

J = [: --- ~]

(33)

(ones on the cross diagonal and zeros elsewhere) .
As with the unconstrained filters in the previous section,

the relationships between hi, gl and hz, gz imply that
rl (CU,7)= r f(CU,7); i.e., the transfer functions to each ear
have the same magnitude and their phases have opposite
sign. This indicates that the signal processing does not artifi-
cially introduce an interaural magnitude difference; devi-
ation of the desired transfer functions from unity results in
equal spectral distortion of the signal in each ear.

The example from the previous section is repeated here
to illustrate design of filters that are constrained to be FIR.
Thus c = 345 mis, d = 17cm, - 90<8<90,j( 7) = 27, and
7b = - 7a = 125its. Recall that this represents a linear ex-
pansion by a factor of 2 of a symmetric sector into the full
range of physically possible 7. For this example, we have
chosen lUG= 0, CUb= 20001T, P = 32 (impulse response
length 33), tjJ(cu)= - 16cu,M = 51 (samples in cu), and
K = 51 (samples in 7). The rank of D is determined by the
number of singular values that exceed 2.2204 X 10- 16. Fig-

ure 6(a) and (b) depicts the magnitude and phase responses
of rl (CU,7)[see (3a)] as a function of frequency for several
values of 7. Comparison with the magnitude and phase re-
sponse obtained using the unconstrained frequency domain
solution illustrated in Fig. 4(a) and (b) indicates almost
negligible performance loss associated with constraining the
filters to be FIR. Note that the optimal filter frequency re-
sponses depicted in Fig. 3 are very smooth and thus are well
approximated with an FIR filter.

The interaural delay as afunction of frequency comput-
ed from the phase response is shown in Fig. 7 for several
values of 7. Several values of 7 are chosen to illustrate the
effect of the expansion algorithm on a source that arrives
outside the design region (7< 125 its). While the deviation
from ideal increases for 7> 125 its, the phase distortion de-
grades gracefully and monotonically. Note that interaural
delays greater than 500 its do not correspond to physically
possible source locations.

As a second example, we design FIR filters to effect a
factor of 2 expansion over the one-sided sector defined by
7a = 0, 7 b = 125 its. All the other parameters are the same
as in the previous example. The magnitude and phase re-
sponses of rl (CU,7)[see (3a)] are compared to the ideal
responses in Fig. 8(a) and (b) as a function of frequency for
several values of 7. The deviation from ideal is considerably
smaller at larger 7 than that of the previous example, espe-
cially for frequencies below 900 Hz. This is a result in part of
performing the expansion over one-half the angular region
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quency for several values of 7. (b) Ideal (- - -) and actual (-) phase of
'. (W,7) as a function of frequency for several values of 7.
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used in the previous example. In general, deviation between
actual and desired response in both the unconstrained and
FIR designs is dependent on/( 7) and the region that is to be
expanded. Determining functions I( 7) that are easy and dif-
ficult to approximate is of interest; however, it is unlikely
that any such determination can be done analytically due to
the manner in which/( 7) enters into the expression for the
error.

The FIR filter solutions for more than two microphones
are obtained using the same approach as that given in Sec. I.

III.PERCEPTUALEVALUATIONOF AUDITORY
EXPANSIONON SPEECH

This section describes a preliminary perceptual experi-
ment used to evaluate the effect of the space expansion algo-
rithm. Listeners were asked to perform a lateralization task
with and without the auditory expansion algorithm in effect.
Below is an explanation of the experimental setup, followed
by presentation of results.

A. Stimuli

The stimuli were constructed by mixing digitized natu-
ral speech recorded from a male and female speaker with 16-

238 J. Acoust. Soc. Am., Vol. 90, No.1, July 1991

bit resolution at a 20-kHz sampling rate..Each speaker pro-
duced /pa/ in an lAC sound-attenuated chamber with
microphone. The tokens were equalized in loudness by nor-
malizing the rms to 64 dB re: 1 least significant bit. The male
speaker served as the reference sound source "located" at
center with an interaural delay of 0 J.ls.Manipulation of the
interaural delays shifted the female toward the observer's
right periphery in steps of 50-J.lsdelays for the first five steps
and 100J.lSfor the remaining five steps to a maximum delay
of 750 Ils. The stimuli were constructed off-lineand loaded
into a 512 KB RAM buffer on a Ariel DSP-16 signal-pro-
cessing board for delivery to the subject. The DSP-16 was
under the control of an 80386-based computer that coordi-
nated stimulus output and response collection. The tokens
were low-pass filtered using a cutoff frequency of 1kHz (98
dB/oct rolloff) in order to evaluate the processing of only
interaural time cues. Despite this rather severe filtering, the
tokens were still perceived as the utterance /pa/.

B. Subjects

Five female and seven male normal-hearing volunteers
served as subjects. None of the listeners had prior experience
performing psychoacoustic localization tasks. Prior to pre-
sentation of the experiment, subjects were allowed to prac-
tice the task for five trials.

C. Procedure

As noted above, subjects were asked to listen to mono-
syllable speech presented at a comfortable listening level
over Beyer DTI00 headphones. The stimuli were construct-
ed to simulate a male and female speaking the utterance /pa/
simultaneously from various locations in the horizontal
plane. The subjects were instructed to manipulate the posi-
tion of the female until the two speakers appeared to separate
spatially. This was accomplished by depressing one of two
buttons on a response device (PC mouse) that "moved" the
female in the horizontal plane. The subjects were instructed
to "vote" when they had manipulated the speakers' relative
position such that their auditory spatial location in the hori-
zontal plane appeared to be just noticeably separate. This
method of adjustment criterion served to evaluate the degree
to which the space expansion algorithm afforded better dis-
crimination of two sound sources overlapping in frequency
and phonetic content. The filters were designed to effect a
factor of 2 expansion [/( 7) = 27, 171< 125J.ls].The signal-
processing algorithm, based on the binaural filter network
(Fig. 2), was programmed in M56001 assembly code for
execution on a Spectrum M5600 I-based signal-processing
board. The subjects received two signal processing condi-
tions, either the algorithm present or not. Each condition
was replicated eight times for a total of 16 trials.

D. Results

Mean minimal time delay separations for the 12subjects
are shown in Fig. 9 for phase expanded and unprocessed
conditions, as labeled on the abscissa. There was a factor of 2
reduction in the minimal delay required for spatial separa-
tion. This indicates that the algorithm is effectiveat moving
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the perceived location of female speaker by doubling the in-
teraural delay. This conclusion is supported by the analysis
of the speech waveforms given in the following section.

IV.ACOUSTICANALYSISOF AUDITORYEXPANSION
ON SPEECH

In order to assess the acoustic effects of the algorithm,
the frequency responses of the transfer functions between
the input signals x 1 and X2 and the processed output signals
Y1 and Y2 were computed (see Bendat and Piersol, 1971).
Suppose X2 (w) = Xl (w )Hx (w) and Y2 (w)

= Yl (w )Hy (w). Note that, for a single source, Hx (w) and
Hy (w) ideally correspond to the frequency response of a
time delay. However, in the general case of multiple sources,
they represent the combined effects of multiple time delays;
Hx (w) and Hy (w) are evaluated as

E{XI (w)X2 (w)}
Hx(w) = ,

E{XI (w )Xl (w)}

E{YI (w) Y2 (w)}
Hy(w) = .

E{YI (w) Yl (w)}

Figure 10(a) shows the power spectra of the male and
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FIG. 10. (a) Powerspectraof/pa/from the male and female speakers. (b) Transfer function delay (computed from the phase response) between sensors for
unprocessed and expanded phase using the FIR filters with response depicted in Fig. 6 to process the speech signals. The binaural delay imposed on the
stimuli correspond to 0 p.s (center) for the male speaker and 150 p.s (right of center) for the female speaker. (c) Transfer function delay with imposed delays
of - l00p.s (left of center) and 150p.s (right of center) for the male and female speakers. (d) Transfer function delay with imposed delays of l00p.s (right of
center) and 250 p.s (right of center) for the male and female speakers.
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female utterance of /pa/. The fundamental and its harmon-
ics are clearly defined for both speakers, yet spectrally over-
lapped to some degree. Figure 10(b)-(d) shows the between
channel delay [computed by converting the phase of Bx (cu)
and By (cu) to delay] as a function of frequency for unpro-
cessed and expanded conditions with both speakers as an
input. In Fig. 10(b) interaural delays of 0 and 150 f-lsare
imposed on the male and female speech, respectively, corre-
sponding to the mean minimal separation indicated in the
experimental results. The regions of nonoverlap ping har-
monics demonstrate the effectivenessof the expansion algo-
rithm. The interaural time delay is 0f-lsat frequencies where
the male harmonics are dominant, while the interaural delay
expands by a factor of 2, from 150 to 300 f-ls,at frequencies
where the female harmonics are dominant. Figure 10(c) and
(d) demonstrates the effectiveness of the expansion algo-
rithm with two off-center sources. Recall that Fig. 6(b) indi-
cates the actual phase response deviates from the ideal at
high frequencies for interaural time delays greater than 200
f-ls (r > 100f-ls). This effect is evident in Fig. 10(d); the ex-
panded delay for the female speaker (interaural delay 250
f-ls)graduallydecreasesfrom 500f-ls at low frequenciesto
400 f-lsat high frequencies.

The acoustic analyses in this section indicate that, re-
gardless of the locations of multiple sound sources relative to
center, interaural delay expands in a manner consistent with
the actual response of the expansion algorithm. They also
suggest that an observer could separate the harmonic struc-
ture of each speaker with greater probability as a result of the
expanded phase or delay.

V. CONCLUSIONS

This research has focused specifically on manipulation
of inter aural time cues for localization. To this end, we have
disregarded interaural magnitude difference cues by mani-
pulating only sound frequencies below 1 kHz. A practical
realization of the algorithm obviously requires the integra-
tion of a broader range of frequencies. The effectsof includ-
ing interaural magnitude differencesand using a larger num-
ber of microphones remain as topics for future investigation.
Indeed, additional microphones may be required to obtain
the additional degrees of freedom necessary for incorporat-
ing interaural magnitude variation.
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We have presented in this paper the theory and method-
ology for manipulating auditory space in the horizontal
plane using linear filters. Least-squares solutions for filters
that are unconstrained and constrained to be FIR are de-
rived and their properties are examined. We have also dem-
onstrated that the algorithm can be instantiated in existing,
offthe shelf hardware and is capable of running in real-time.

Experimental results indicate that the algorithm effects
the desired expansion of auditory space by reducing the min-
imal separation needed to discriminate between two speak-
ers. Analysis of the speaker data indicates that the algorithm
is reliably expanding the interaural delays associated with
off-center speakers.
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