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Binaural material must be passed through a aosstalk cancdlation retwork before
it can be played bad over two loudspeakers. Such a network works well only if it
Is cgpable of providing a significant boost of low frequencies. The fast
demnvdution method wsing frequency-dependent regularisation is suitable for
designing a matrix of long finite impulse resporse filters that have the necessary

dynamic range.
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0 Introduction

Binaural material, such as a dummy-heal rewrding, is generaly intended for playbad over
headphores [1]. In order to achieve the equivalent effed when such materia is played bad over
two loudspedkers, a aosstak cancdlation retwork must be used to compensate for the dosstalk
(the soundthat is reproduced at the right ear by the left loudspedker, and vice versa) and the head-
related transfer functions (HRTFs) associated with ared listener [2]-[8]. In pradice, a aosstalk
cancdlation retwork can be implemented by a two-by-two matrix of digital filters. Unfortunately,
though, efficient crosstalk cancdlation at low frequenciesis passble only if eat element of the
crosstalk cancdlation retwork is cgpable of providing a significant boacst of those frequencies
[8]. Thisis because the diff erence between the dired path HRTF and the aosstak path HRTF is
very small at low frequencies, and so ore ends up having to invert an almost singular two-by-two
matrix. This problem, which is usualy referred to as ill-condtioning, at low frequencies is
particularly severe when the two loudspedkers are paositioned close together, as is the cae for the
stereo dipole where the loudspeakers span only ten degrees as seen by thPlistener

In pradice it is advantageous to use frequency-dependent regularisation to attenuate peeks
seledively. Even though a strong boost of low frequencies is necessary for efficient crosstalk
cancdlation, a strong boast of high frequencies is generally undesirable. It is particularly
important to be avare of this problem when working with HRTFs that are measured dgitally. The
analogue atti-adliasing filters in the data aquisition equipment cause the spedrum of the
measured transfer functions to contain ony very little energy at high frequencies, and if one
attempts to invert such a transfer function, the solution will i nevitably boacst frequencies just
below the Nyquist frequendy0].

The fast deconvdution method [11], [12], which is based onthe Fast Fourier Transform, can be
used to design a matrix of causal finite impulse resporse filters whose performanceis optimized
a a large number of discrete frequencies. The method is very efficient for both single-channel
deanvdution, which can be used for loudspeaker equali sation, and multi-channel deconvdution,
which can be used to design crosstalk cancdlation retworks. Fast deconvdution essentialy
provides a quick way to solve, in the least squares ®nse, a linea equation system whose
coefficients, right hand side, and unknavns are z-transforms of stable digital filters. Frequency-
dependent regularisation is used to prevent sharp peaks in the magnitude resporse of the optimal
filters. A modeling delay [13, Example 7.2.7 is used to ensure that the aosstalk cancdlation
network performs well not only in terms of amplitude, but also in terms of phase. The dgorithm
asumes that it is feasible to use long optima filters, and it works well only when two
regularisation parameters, a shape fador and a gain fador, are set appropriately. In pradice, the
values of the two regularisation parameters are most easily determined by trial-and-error
experiments.

1 Cross-talk cancellation networks

1.1 Principles and solution

The geometry of the problem is shown in Fig. 1. Two loudspe&kers are paositioned symmetricdly
in front of asingle listener. The loudspeakers an an angle of 6 as sen from the position d the
listener. When the system is operating a a single frequency, we can use complex notation to
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describe the variables. Thus, U; and U, are two hinaural signals, recorded o synthesized, V; and
V, are the inpus to the two loudspedkers, and Wy and W, are the sound pesaures generated at the
listener's eas (note that the variables read alphabeticdly U, V, W, this will make the notation
easer to remember). There ae four transfer paths from the loudspegkers to the listener’s eas, bu
only two of them are different: the dired path C; and the aosstak path C,. Smilarly, only two
of the four elements of the dosstalk cancdlation retwork are different: the diagonal element Hy,
and the off-diagonal elemeHb.

From inspection of Fig. 1 it is easily verified that

Cly=w (1a)
where
c, GO [V, O WO
"B oaf TTE YTEE 4o
and
Hi=v (2a)
where

H = [H, H,O W, 0
oA TR @

An ided crosstak cancdlation retwork reproduces U; at the listener's left ea (Wi=U,)
regardlessof the value of U,, and U, at the listener’sright ea (Wo=U,) regardlessof the vaue of
U,. It is graightforward to show that this is achieved when the H-matrix in Eq. 2ais the inverse
of the C-matrix in Eq. 1a. Consequently

1 0OC O
3
E" o CZDCZE (3)

1.2 lll-conditioning

It is e from Eq. 3that when the diff erence between C; and C; is snall, H; and H, become very
large and dmost exadly out of phase. Thisis a problem particularly at very low frequencies snce
the dired path C; and the aosstalk path C, are dmost equal, regardlessof the loudspegker span
0, when the wavelength is very long. At OHz, the phase of C; and C; is the same, and it is only
becaise the sphericd attenuation associated with the aosstalk path C, is greder than the
sphericd attenuation associated with the dired path C; that the matrix C is nat exadly singular.
Consequently, the doser the two sources are to the listener, the eaier it isto implement the doss
talk cancdlation retwork. A distancein the range between 0.5m and Im is a good choice, even if
the listener sits further away. Nea-field effeds dart to play arole when the distanceto the source
becwmes lessthan 0.5m [14]. In pradice it isnat important that the design- and the implemention
distance ae the same, it is more important that the design- and implementation loudspe&ker span
are the same.
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It is fortunate that when two hinaura signas U; and U, are passd through a aosstalk
cancdlation retwork, the dynamic range of the outputs Vi and V, of the network is generally
significantly smaller than the dynamic rangeHafandH, [9], [15].

When ore is deding with measured HRTFs, the ill -condtioning at low frequencies is made even
worse by the poa radiation efficiency of the loudspedker. Consequently, a aosstalk cancdlation
network that also has to compensate for the soundreproduction chain must be implemented with
cae in ader to avoid owerloading the loudspeakers and amplifiers, as well as sturating the
digital signal processing equipment.

2  FIR filter design using fast deconvolution

Theidea catra to ou filter design algorithm [11], [12], isto minimise, in the frequency domain,
a quadratic cost function of the type

J=E+BV 4

where E is a measure of the performance eror e and V is a measure of the dfort v. The positive
red number B is a regularization parameter that determines how much weight to assgn to the
effort term. As B is increased from zero to infinity, the solution changes gradualy from
minimizing E only to minimizing V only. By making the regul arization frequency-dependent, we
can control the time resporse of the optimal filters in qute aprofoundway. However, instead of

spedfying B as afunction d frequency it is advantegous to buld the frequency-dependence into
V.

2.1 Frequency-dependent regularisation

It is convenient to consider the regularization to be the product of two comporents. a gain fador
B and a shape fador B(2) [10], [12]. The gain fador 8 is a small paositive number, and the shape
fador B(2) is the ztransform of a digital filter that amplifies the frequencies that we do not want
to seebocsted by the dosstalk cancdlation retwork. Frequencies that are suppressed by B(2) are
not affeded by the regularization. Although it is the frequency resporse, and nd the time
resporse, of B(2) that is important, we prefer to design B(2) in the time domain. The phase
response oB(2) is irrelevant sincél(2) is determined by minimizing an energy quantity.

2.2 Ideal optimal filters

It ispossgbleto derive an analyticd expressonfor amatrix H(2) of ided optimal filters[11], [12)].
We find

H@ =[C"(z)c@ +B BEHB@)I]| 'CT(z)z™ )

The comporent Z™ implements a modeling delay of m samples. It is e that when B is zero, o
B(2) is zero, them (2) is C(2)'z™ as expected.

2.3 The fast deconvolution algorithm

The fast deconvdution method works by sampling Eqg. 5, which gives H(2) as a @ntinuows
function d frequency, at N, paints. Since the method ses Fast Fourier Transforms (FFTs), Ny
must be apower of two. The implementation d the method is graightforward in pradice FFTs
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are used to get in and ou of the frequency domain, and the system is inverted for ead frequency
in turn. Since using the FFT effedively means that we ae operating with periodic sequences, a
cyclic shift of the inverse FFTs of the optima frequency resporses is used to implement a
modeling delay.

If an FFT is used to sample the frequency resporse of H(2) at Ny pants without including the
phase @ntribution from the modeling delay, then the value of H(K) at thase frequenciesis given

by
H(k) =[C™(K)C(K) + B B (k) B(K)1] "C" (k) 6)

where k denates the K'th frequency line; that is, the frequency correspondng to the complex
number exp(i2k/Ny). The superscript H denates the Hermitian operator that transposes and
conjugates its argument, the superscript * denotes complex conjugation d its sdar argument. In
order to cdculate the impulse resporses of a matrix of causal filters the following steps are
necessary.

1. CalculateB(k) andC(Kk) by takingNy-point FFTs of each of their elements

2. For each of thé&l, values ok, calculateH (k) from Eq. 6

3. Calculate one period ¢i(n) by takingNy-point inverse FFTs of the elementsHik)
4. Implement the modeling delay by a cyclic shifnoamples of each elementhgh)

The exact value ahis not critical; a value dfly/2 is likely to work well in all but a few cases.

2.4 Determining the regularization gain- and shape factors

Since the purpose of the regularization is to impaose asubjedive cnstraint on the solution, it is
very difficult to come up with a reliable bladk box routine that can set the gain fador B and the
shape fador B(z) simultaneously. For audio-related problems, though, the generic function shown
in Fig. 2 dten works very well. As afunction d frequency, the magnitude |B| of B(2) has a low-
frequency asymptotic value B, and a high-frequency asymptotic value By (subscript H is for
“high”, and shodd na be cnfused with the optimal filters H; and Hy). In the mid-frequency
region, |B| is one. B. and By are usualy much greaer than ore. The frequencies f, 1, .2, fu1, and
fu2 define the two transition bands. When the sampling frequency is high, for example 44.1kHz, it
iIs metimes advantageous to design |B| on a doule-logarithmic scde since this is a good
approximation to the way the ea perceives und. Once B(2) is known, there ae plenty of
methods one can use to determine B automaticdly. Since the main undesirable feaure of the
solutionis likely to be sharp pe&ks in the magnitude resporse, ore can try to adjust  such that a
cetain maximum value is not excealed, o such that the pe&k-to-rms ratio is well -behaved within
catain frequency bands. It is up to the user to spedfy a aiterion that is appropriate for the
application at hand.

3  Two cross-talk cancellation networks for the stereo dipole

When the two loudspekers gan orly ten degrees as een by the listener, we refer to the
loudspedker arrangement as a stereo dipae [9]. We will now use the fast deconvdution method
to design two dfferent crosstalk cancdlation retworks for this loudspegker arrangement. The
sampling frequency is 44.1kHz in bah cases. The first network is based on a pair of HRTFs
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cdculated from an analyticd rigid sphere model [14], [16]. The sphere model can be used to
generate results in the frequency domain. These results are then windowed so that a pair of digital
time resporses can be cdculated. The seaond retwork is based ona pair of HRTFs measured on
KEMAR dummy-head [17]. These HRTFs contain little energy at the extreme ends of the
frequency range, and they are therefore more difficult to deal with than the modeled HRTFs.

3.1 HRTFs derived from a rigid sphere model

The sphere is assumed to have aradius of 9cm, and the eas not quite & oppdasite positions, but
rather they are pushed bad ten degrees © that they are & 100 degrees relative to straight front
[14]. This geometry ensures a good match to the true interaural time difference (although it has
been suggested that a radius of 7cm is better for near-frontal sourdés] $eedetails)

Fig. 3 shows the impulse resporses of a) Ci(2), and b Cy(2) when the distance from the two
sources to the centre of the listener’s head is Im. Since we do nd have dired accessto a time
domain expresson for the scatered field, the simulated time resporses are cdculated by an
inverse Fourier transform of the sampled frequency resporse (see[16] for detail s). The frequency
resporses have been windowed in arder to ensure that the time resporses are of relatively short
duration. The windowing in the frequency domain is equivalent to convdution with a so-cdled
digital Hanning pulse given by the time sequence {0, 0.5, 1, 0.5, 0}.Thus, Ci(2) and Cy(2) are
esentially low-passfiltered versions of the true transfer functions, and this must be compensated
for by also low-passfiltering the optimal filters Hi(2) and Hx(2) (this is equivalent to solving an
equation system whaose left and right hand sides have been multiplied by the same number).
Formally, thisis dore by setting the diagonal elements of a so-cdled target matrix A(z) equal to
the Hanning pulse (see[11] for detail s). Note that Cy(2) and C,(2) are quite similar becaise the
two loudspeakers are very close together.

Fig. 4 shows a) the impulse respornse and b) the magnitude resporse of the shape fador B(z). This
filter is a “gradual” high-passfilter whose magnitude resporse increases from 0.01to 1 as the
frequency increases from €&, to 0.9nyq.

Fig. 5 shows the magnitude resporses of a) Hi(z) and b Hy(2) cdculated with frequency-
dependent regularisation (solid lines) and with no regularisation (dashed lines). The shape fador
B(2) is that shown in Fig. 4, and the gain fador 3 is 0.05.1t is sen that the regularisation hes
taken ou the pedk just below the Nyquist frequency (=22kHz), and that the resporse & high
frequencies roll s of gently. Note that even though the magnitude responses of Hi(z) and Hax(2) are
very similar, their phase responses are completely diffEtBht

Fig. 6 shows the two dfferent impulse resporses, a) Hi(2) and b Hy(2). Eadh impulse resporse
contains 1024 coefficients, and they correspondto the magnitude resporses hown with the solid
linesin Fig. 5. Note that both contain a comporent that decays away very slowly in forward time.
This component is responsible for the required boost of low frequencies.

3.2 HRTFs measured on KEMAR dummy-head

Fig. 7isequivaent to Fig. 3. It shows the impulse resporses of @) the dired path Cy(2), and b the
crosstalk path Cy(2) when the two HRTFs are measured on a KEMAR dummy-heal in an
anedhoic chamber (this HRTF data is available on the internet [17]). Since the data is not
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equali sed for the loudspedker resporse, the two impulse respornses do nd contain much energy at
very high, or very low, frequencies.

Fig. 8isequivaent to Fig. 4. It shows a) the impulse resporse and b the magnitude resporse of
the shape fador B(2). This filter has the same type of “gradual” high-pass charaderistic as the
filter shown in Fig. 4, bu in addition it allows energy at frequencies between 0.3yyq and 0.4nyq
to passthrough. Thisis dorein order to attenuate ape&k that would ctherwise gpea just below
0.4fnyq as shown in Fig. 9.

Fig. 9isequivaent to Fig. 5. It shows the magnitude resporses of a) H1(z) and b H,(2) cdculated
with frequency-dependent regularisation (solid lines) and with no regularisation (dashed lines).
The shape fador B(2) is that shown in Fig. 8, and the gain fador B is 0.5. It is e that the
regularisation hes taken ou the peek at approximately 0.3y, and also filtered ou the
unacceptable boost of the frequencies just below fyyq. Note the considerable dynamic range of the
magnitude resporses of Hi(z) and Hy(2). The value & DC is more than 50 higher than the value
at 0.1fnyq. This happens because the filters now have to compensate for the loudspeker as well as
the cross-talk.

Fig. 10isequivaent to Fig. 6. It shows the two dfferent impulse resporses, a) Hi(2) and b Hx(2).
Eadh impulse resporse @ntains 2048 coefficients, and they correspond to the magnitude
resporses hown with the solid lines in Fig. 9. Note that the low-frequency comporent now
decays away in backward time. Had a modeling delay not been used, this comporent would be
noncausal and therefore urnredisable. It is the nonminimum phase daraderistics of the
loudspedker at low frequencies that causes this dramatic diff erence between the results based on
an analytical sphere model and the results based on the measurements on a dummy-head.

4 Conclusions

Efficient crosstalk cancdlation over a wide frequency range is possble only when ead element
of the aosstak cancdlation retwork is capable of a very powerful boaost of low frequencies. If
the network also has to compensate for the resporse of the loudspeaker, the required bodst is even
greder. In addition, the nornrmimimum phase behaviour that is typicd of eledro-amustic
transducers at the extreme ends of the frequency range makes it necessary to use amodeling delay
in order to be able to equalise the phase response as well as the magnitude response.

The fast deconvdution method s very suitable for designing long finite impulse resporse filters
that have alarge dynamic range. Frequency-dependent regularisation provides a mnvenient way
to control the power output from the filters, and the regularisation can be used to optimize the
subjedive performance of the system as well as prevent overloading of the amplifiers and
loudspeakers.

Finaly, it is important to keep in mind that even though it is computationally feasible to invert
very long impulse resporses with the fast deconvdution method, an acairrate deconvdution d an
impulse resporse that contains a lot of detail does nat necessarily lead to good subjedive results.
It is often better to invert only the system’s most essential charaderistics. In pradice, this usualy
helps to avoid excessive colouration of the reproduced sound.
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w,

Fig. 1. The variables and the parameters used to define a cosstak cancdlation retwork. Note
that becaise of the symmetry there ae only two dfferent eledro-acoustic transfer
functions,C; andC,, and the network contains only two different filtdtls,andH,

Magnitude

v

Frequency
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Fig. 2. A suggested magnitude resporse function for the shape fador B(z). This type of frequency-
dependent regularisation ensures that the adosstalk cancdlation retwork does not boost

very low, and very high, frequencies excessively
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Fig. 3. The impulse resporses of a) the direa path C; and b) the aosstak path C, as defined in
Fig. 1 when the listener’s head is modeled as arigid sphere, and the sampling frequency is
44.1kHz
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Fig. 4. The properties of the shape fador B(z) used to design a aosstalk cancdlation retwork
based onthe impulse resporses siown in Fig. 3. a) the impulse resporse of B(z), and b its
magnitude response
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Fig. 5. The magnitude resporses of a) Hi(2) and b Hy(2) cdculated with frequency-dependent
regularisation (solid lines) and with noregularisation (dashed lines). The shape fador B(2)
isthat shown in Fig. 4. Note that the regularisation hes taken ou the pe& just below the
Nyquist frequency
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Fig. 6. The impulse resporses of the two filters @) Hi(2) and b Hx(2) whase magnitude resporses
are shown with the solid lines in Fig. 5. Each impulse response contains 1024 coefficients
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Fig. 7. The impulse resporses of @) the dired path Cy(2), and b) the dosstalk path C,(2) when the

two HRTFs are measured on a KEMAR dummy-heal in an anechoic chamber at a
sampling frequency of 44.1kHz. The data is not equalised for the loudspeaker response
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Fig. 8. The properties of the shape fador B(z) used to design a aqosstalk cancdlation retwork

based onthe impulse resporses siown in Fig. 7. a) the impulse resporse of B(z), and b its

magnitude response
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Fig. 9. The magnitude resporses of a) Hi(2) and b Hy(2) cdculated with frequency-dependent
regularisation (solid lines) and with noregularisation (dashed lines). The shape fador B(2)
isthat shown in Fig. 8. Note that the regularisation has taken out the pe& at approximately
0.35nyq and also filtered out the unacceptable boost of the frequencies justfiaglow
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Fig. 10.The two impulse resporses, a) Hi(z) and b Hx(2) whase magnitude resporses are shown
with the solid lines in Fig. 9. Each impulse response mntains 2048 coefficients. Note that
the low-frequency component now decays awdyatkward time



