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Abstract
Immersive audio systems can be used to render virtual sound
sources in three-dimensional space around a listener.  This is
achieved by simulating the head-related transfer function (HRTF)
amplitude and phase characteristics using digital filters.  In this
paper we examine certain key signal processing considerations in
spatial sound rendering over loudspeakers.  We address the
problem of crosstalk inherent in loudspeaker rendering and ex-
amine two methods for implementing crosstalk cancellation and
loudspeaker frequency response inversion in real time.  We dem-
onstrate that it is possible to achieve crosstalk cancellation of 30
dB using both methods, but one of the two (the Fast RLS Trans-
versal Filter method) offers a significant advantage in terms of
computational efficiency.  Our analysis is easily extendable to
non-symmetric listening positions and moving listeners.  Finally,
we present our initial findings from the implementation of such
systems on the TI C62 EVM platform and discuss computational
complexity and performance tradeoffs.

1. I n t r o d u c t i o n 

Accurate spatial reproduction of sound can significantly enhance
the visualization of three-dimensional multimedia information
particularly for applications in which it is important to achieve
sound localization relative to visual images.  Such applications
include immersive telepresence;  augmented and virtual reality
for manufacturing and entertainment;  air traffic control, pilot
warning, and guidance systems; displays for the visually- or
aurally-impaired;  home entertainment;  and distance learning.

Sound perception is based on a multiplicity of cues that include
level and time differences, and direction-dependent frequency
response effects caused by sound reflection in the outer ear cu-
mulatively referred to as the head-related transfer function
(HRTF).  The outer ear can be modeled as a linear time-invariant
system that is fully characterized by the HRTF in the frequency
domain [1].

Using immersive audio techniques it is possible to render virtual
sound sources in three-dimensional space using a set of loud-
speakers or headphones (for a review see [2]).  The goal of such
systems is to reproduce the same sound pressure level at the lis-
tenerÕs eardrums that would be present if a real sound source was
placed in the location of the virtual sound source.  In order to

achieve this, the key characteristics of human sound localization
that are based on the spectral information introduced by the head-
related transfer function must be considered [3-6].

The spectral information provided by the HRTF can be used to
implement a set of filters that alter non-directional (monaural)
sound in the same way as the real HRTF.  Early attempts in this
area were based on analytic calculation of the attenuation and
delay caused to the soundfield by the head, assuming a simplified
spherical model of the head [7, 8].  More recent methods are
based on the measurement of individual or averaged HRTFÕs for
each desired virtual sound source direction [5, 9, 10].  In our
implementation we use a pair of HRTFÕs (one for each ear) that
are measured for each desired virtual source direction using a
microphone placed in each ear canal of a mannequin (KEMAR).
The main advantage of measured HRTFÕs compared to analytical
models is that this method accounts for the pinnae, diffraction
from the irregular surface of the human head, and reflections
from the upper body.

Several practical problems that arise when attempting to imple-
ment digital HRTF filters for immersive audio rendering using
loudspeakers are examined in this paper.  Furthermore, we ex-
amine practical issues that relate to the realization of such filters
on the TI C62 DSP platform.

When rendering immersive audio using loudspeakers, direction
dependent spectral information is introduced to the input signal
due to the fact that the sound is generated from a specific direc-
tion (the direction of the loudspeakers).  In addition the loud-
speakers generally do not have an ideal flat frequency response
and therefore must be compensated to reduce frequency response
distortion.  A key issue in loudspeaker-based immersive audio
arises from the fact that each ear receives sound from both loud-
speakers resulting in undesirable acoustic crosstalk.  We examine
the relative advantages of two inverse filter methods for crosstalk
cancellation and identify one (the Fast RLS Transversal Filtering
method) that is particularly well-suited for real time applications
in which the listener may be moving with respect to the loud-
speakers.  Adaptive inverse filters for stereophonic reproduction
have been studied extensively by Nelson et al. [11].  The work
presented in this paper is an extension into HRTF-based spatial
audio rendering in which the goal is to achieve real-time filter
synthesis for interactive applications.



2

2. Loudspeaker Rendering

Binaural methods attempt to accurately reproduce at each ear-
drum of the listener the sound pressure generated by a set of
sources and their interactions with the acoustic environment [12-
15].  Binaural recordings can be made with specially-designed
probe microphones that are inserted in the listenerÕs ear canal, or
by using a dummy-head microphone system that is based on
average human characteristics.  Sound recorded using binaural
methods is then reproduced through headphones that deliver the
desired sound to each ear.  Alternatively, a monaural sound
source can be convolved with the HRTFÕs for a particular azi-
muth and elevation angle in order to generate binaural sound.  It
was concluded from early experiments that in order to achieve
the desired degree of realism using binaural methods, the re-
quired frequency response accuracy of the transfer function was
± 1 dB [16].

In this paper we focus on loudspeaker methods for rendering
binaural sound.  In order to deliver the appropriate binaural
sound field to each ear it is necessary to eliminate the crosstalk
that is inherent in all loudspeaker-based systems.  This  limitation
arises from the fact that while each loudspeaker sends the desired
sound to the same-side (ipsilateral) ear, it also sends undesired
sound to the opposite-side (contralateral) ear.

Crosstalk cancellation can be achieved by eliminating the terms
HRL and HLR (Fig. 1), so that each loudspeaker is perceived to
produce sound only for the corresponding ipsilateral ear.  Note
that the ipsilateral terms (HLL, HRR) and the contralateral terms
(HRL, HLR) are just the HRTFÕs associated with the position of the
two loudspeakers with respect to a specified position of the lis-
tenerÕs ears.  This implies that if the position of the listener
changes then these terms must also change so as to correspond to
the HRTFÕs for the new listener position.  One of the key limita-
tions of crosstalk cancellation systems arises from the fact that
any listener movement that exceeds 75 to 100 mm completely
destroys the desired spatial effect.  This limitation can be over-
come by tracking of the listenerÕs head in three-dimensional
space.  A prototype system that used a magnetic tracker and ad-
justed the HRTF filters based on the location of the listener was
demonstrated by Gardner [17, 18].  A camera-based system that
does not require that the user to be tethered is also under devel-
opment [19, 20].

Several schemes have been proposed to address crosstalk can-
cellation.  The first such scheme was proposed by Atal and
Schroeder [21] and later another was published by Damaske and
Mellert [16, 22].  A method proposed by Cooper and Bauck
modeled the head as a sphere and then calculated the ipsilateral
and contralateral terms [23, 24].  They showed that under the
assumption of left-right symmetry a much simpler shuffler filter
can be used to implement crosstalk cancellation as well as syn-
thesize virtual loudspeakers in arbitrary positions.  Another
method by Gardner approximates the effect of the head with a
low-pass filter, a delay and a gain (less than 1) [25].

While these methods have the advantage of low computational
cost, the spherical head approximations can introduce distortions
particularly in the perceived timbre of virtual sound sources be-
hind the listener.  Furthermore, the assumption of Cooper and
Bauck [23, 24] that the loudspeakers are placed symmetrically
with respect to the median plane (i.e., HLR= HRL and HLL = HRR)

leads to a solution that uses the diagonalized form of the matrix
introduced by the physical system.  This solution can only work
for a non-moving listener seated symmetrically to the loudspeak-
ers.  In this paper, we use a different approach for the analysis
that can be easily generalized to the non-symmetric case that
arises when the listener is  moving.  While in our analysis we
present the symmetric case, the methods that we propose are
easily extendable to the non-symmetric case.  A video-based
head-tracking algorithm has been developed in which the listener
is tracked and the filters are computed in real time in response to
changes in the listenerÕs position [2, 19, 20].  The motivation
behind the methods presented in this paper is the ability to
achieve real-time performance on the TI C62 platform so that the
necessary filters can be calculated at each listener position.

We can use matrix notation to represent the loudspeaker-ear sys-
tem as a two input-two output system in which the two outputs
must be processed simultaneously.  In the frequency domain we
define Hi as the ipsilateral term, Hc as the contralateral term, HL
as the virtual sound source HRTF for the left ear, HR as the vir-
tual sound source HRTF for the right ear, and S as the monaural
input sound.  Then the signals EL and ER at the left and right
eardrums respectively are given by
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The introduction of the contralateral and ipsilateral terms from
the physical system (the loudspeakers) will introduce an addi-
tional transfer matrix
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In order to deliver the signals in (1), given that the physical sys-
tem results in (2), pre-processing must be performed to the input
S.  In particular, the required preprocessing introduces the inverse
of the matrix associated with the physical system, as shown be-
low

HRRHLL

HRLHLR

XL XR

Fig. 1.  Contralateral and ipsilateral terms in a loudspeaker-
based rendering system.
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It can be seen that equations (1) and (3) are essentially the same.
Solving (3) we find
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assuming that 
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This assumption is based on the fact that the contralateral term is
of substantially less power that the ipsilateral term because of the
shadowing caused by the head.  The signals XL  and XR that have
to be presented to the left and right loudspeaker respectively in
order to render the virtual source at the desired location are given
by
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This implies that the filters FL and FR for the left and right chan-
nel should be
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The monaural signal S passes through these filters and then each
channel is led to the corresponding loudspeaker.  For the binaural
input case, convolution with the pair of HRTFÕs HL and HR is not
needed since the binaural signal already contains the directional
HRTF information.

3. Theoretical Analysis

The analysis in the previous sections has shown that crosstalk
cancellation, and loudspeaker HRTF inversion, all require the
implementation of preprocessing filters of the type Hinv = Hx/Hi,
in which Hx is 1, HL, HR or Hc and Hi is the ipsilateral response.
There are a number of methods for implementing the filter Hinv.
The most direct method would be to simply divide the two filters
in the frequency domain.  However, Hi is in general a non-
minimum phase filter, and thus the filter Hinv designed with this
method will be unstable.  A usual solution to this problem is to
use cepstrum analysis in order to design a new filter with the
same magnitude as Hi but being minimum phase [26].  The
drawback is that information contained in the excess phase is
lost.

Here, we propose a different procedure that maintains the HRTF
phase information.  The procedure is to find the non-causal but

stable impulse response, which also corresponds to Hx/Hi  as-
suming a different Region of Convergence for the transfer func-
tion, and then add a delay to make the filter causal.  The trade-off
and the corresponding challenge is to make the delay small
enough to be imperceptible to the listener while maintaining low
computational cost.  We describe below two methods for finding
this non-causal solution.

A.  LMS Filter Design Method

Based on the previous discussion and taking into consideration
the need for adding a delay in order for the preprocessing filter to
be feasible (i.e. causal), we conclude that the relationship be-
tween the filters Hi, Hx and the preprocessing filter Hinv can be
depicted as in the block diagram shown in Fig. 2.

The problem of defining the filter Hinv such that the mean
squared error between y(n) and d(n) is minimized, can be classi-
fied as a combination of a system identification problem (with
respect to Hx) and inverse modeling problem (with respect to Hi)
and its solution can be based on standard adaptive methods such
as the LMS algorithm [27].  More specifically, the taps of the
filter Hinv at iteration n can be computed based on the weight
adaptation formula

      h h uinv invn n n e n( ) ( ) ( ) ( )+ = +1 µ (7)

in which,

      e n d n n ninv
H( ) ( ) ( ) ( )= − h u (8)

In (8) H denotes the Hermitian of the vector hinv. The desired
response d(n) can be found from Fig. 2 to be

      d n n n gx
H( ) ( ) ( )= −h w (9)

The notation u(n) denotes a vector of samples arranged as

      u( ) ( ) ( ) ... ( )n u n u n u n M T= − − +[ ]1 1 (10)

where, M is the order of the filter hinv.  This is also true for w(n).
The system input w(n) can be chosen arbitrarily, but a usual
practice for system identification problems is to use white noise
as the input.  The reason is that white noise has an all-pass fre-

w(n)
e(n)

Σhy(n) hinv(n)

hx(n) z-g

-

y(n)u(n)

d(n)

+

Fig. 2.  Block diagram for estimation of the inverse filter.  The
problem of finding the filter Hinv such that the mean squared
error between y(n) and d(n) is minimized, is a combination of a
system identification problem (with respect to Hx) and inverse
modeling problem (with respect to Hy) and its solution can be
based on standard adaptive methods.
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quency response so that all frequencies are weighted equally
during the adaptation procedure.

The filter length M, as well as the delay g, can be selected based
on the minimization of the mean squared error.  In this paper we
used a variation of the LMS (the Normalized LMS) with a pro-
gressive adaptation (decrement) of the step size µ that results in

faster convergence as well as smaller misadjustment.  The step
size µ changes at every iteration, using the update formula

      
µ β

α
( )

( )
n

n
=

+ u 2 (11)

In (11) β is a positive constant, usually less than 2, and α  is a
small positive constant [27].

The resulting filter from this method is hinv, which in the fre-
quency domain is equal to Hx/Hi.  If the desired output is of the
form 1/Hi, (in the binaural case), hx can be chosen to be the im-
pulse sequence.  The result in either case is an FIR filter.

B.  Least-Squares Filter Design Method

Referring again to Fig. 2, another way of approaching the prob-
lem is to minimize the sum of squared errors e(n) (instead of the
mean squared error as in the LMS method):
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The above equation can be rewritten in matrix notation as

      
minh Hh h

inv inv x− 2
(13)

in which H is a rectangular Toeplitz matrix that cab be easily
derived from (12).  The solution to (13) in the LeastÐSquares
sense is

    h H hinv x= + (14)

in which we denote the pseudoinverse of H as H+.  In general,
(13) describes an overdetermined system for which H+ in (14)
can be written as

      H H H H+ −= ( )H H1 (15)

We denote P = HHH which can be viewed as the time-averaged
correlation matrix. The calculation of the pseudoinverse is a
computationally demanding operation that is not suitable for real-
time implementations.  One way to overcome this problem is by
calculating the pseudoinverse recursively.  Specifically, we cal-
culate the inverse of P recursively, using the well-known matrix
inversion lemma.  This method is known as Recursive Least-
Squares (RLS).  The advantage of this method is that for most
problems it requires M iterations for convergence, where M is the
order of the designed filter.  On the other hand, LMS usually
requires a higher number of iterations for convergence.  The
number of iterations is a very important issue for real-time im-
plementations, but equally important is the computational com-
plexity of the algorithm (measured in number of multiplies and
divides for adaptive systems).  Here LMS has a great advantage,

requiring only 3M operations per iteration whereas RLS requires
M2.  This problem of the RLS algorithm has motivated a lot of
research to find efficient implementations with reduced compu-
tational complexity.  In this paper we implemented the FTF
method for RLS proposed by Cioffi and Kailath [28].  This algo-
rithm requires 7M computations per iteration while it retains the
fast convergence property of the RLS algorithm, thus it is highly
suitable for real-time implementations.  The FTF algorithm de-
couples the recursive calculation of the inverse matrix of P into a
recursive calculation of three vectors A, B , and C , which is a
procedure that requires fewer computations, since no matrix
multiplication is involved.

In section 4 we describe our findings including a discussion of
the optimal values of λ and µ.  We also show that there is a sig-

nificant advantage of the FTF algorithm over the LMS algorithm
in terms of convergence rate while incurring only a moderate
increase in computational complexity.

4. Simulation Results

A.  Loudspeaker Inversion

All of the filters that are of the form Hx/Hi were designed using
both the LMS and Least-Squares methods.  As discussed above,
a delay is introduced to the system to satisfy causality.  The coef-
ficients of these FIR filters were designed using Matlab.  The
delays and lengths for the filters used were optimized to achieve
maximum Signal to Error power Ratio (SER) in the time domain
between the filter HinvHi (which we will call the cascade filter)
and Hx.  In our case, the SER is defined by
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in which hca is the impulse response of the cascade filter.

It is important to evaluate the error in the time-domain because a
good approximation is required both in the magnitude and phase
responses.  Both methods worked successfully with a number of
different measured HRTFÕs corresponding to 128 tap filters. The
following simulation results were found using the 0o azimuth and
0o elevation measured HRTF of length 128 taps, corresponding
to the term Hx.  The HRTFÕs measurements in this paper were
performed using a KEMAR dummy-head with Etymotic Re-
search microphones.  The playback system consisted of two
TMH Corp. loudspeakers placed on a table so that the center of
each loudspeaker was at the same height as the center of the
KEMAR pinnae for on-axis measurements.  The loudspeakers
spacing was 50 cm and the center of the KEMARÕs head was 50
cm from the center point of the loudspeaker baffle plane.  The
room in which the measurements were performed has dimensions
8.5 m (L) × 7.0 m (W) × 3.5 m (H) and the reverberation time
was measured using the THX R2 spectrum analyzer and found to
be 0.5 seconds from 125 Hz to 4 kHz.
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For the monaural input case, an inverse filter of 200 taps was
designed, that introduced a delay of 70 samples (1.6 ms at a sam-
pling rate of 44.1 kHz).  These were the optimum values of filter
length and delay that gave rise to an SER of better than 30 dB.
The results for the LMS method can be seen in Figs. 3 and 4.
Similar results were obtained for the Least-Squares case.  The
LMS algorithm required 5000 iterations in order to reach the 30
dB SER criterion, while the Least-Squares method required only
500 iterations for the same error.  This result, along with the
relatively small increase in computational requirements of the
FTF algorithm, justifies the claim that this method is highly suit-
able for a real-time implementation in which the filter parameters
are updated in response to head-tracking information.

It should be noted that for frequencies above 15 kHz, the associ-
ated wavelengths are less than 20 mm.  In this range it is practi-

cally impossible to accurately place the listenerÕs ears in the de-
sired location for which the filters have been designed.  For this
reason the degradation of the normalized error above 15 kHz (as
seen in Fig. 4) is acceptable since listener position errors will
dominate.

If inversion of the type 1/Hi is required (binaural input), the cas-
cade filter should be of exactly all-pass response.  This case
proved to be more demanding than the monaural input case.  In
order to get the desired SER of 30 dB in the time domain we had
to increase the filter length to 400 taps (with a corresponding
delay of 160 samples).  Alternatively, it is possible to design a
filter of the form of Ha/Hi where Ha has an all-pass response up
to 15ÊkHz.  Using this approximation, we were able to achieve
the 30 dB requirement in SER with a filter length of 200 taps and
a delay of 70 samples.  In listening tests there was no perceptible
difference in using this method compared to the full spectrum all-
pass.

B.  Crosstalk Cancellation

If we denote in the upper equation of (6) the delay introduced by
Hc/Hi as d1 and the delay introduced by HR/Hi as d2 then, in the z-
domain, we find that the filter can be written as
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Note that the delay for HL/Hi in (17) must be equal to the sum of
d1 and d2.  The delay introduced by the filter FR should also be
equal to d1 + d2.  In the time domain (17) becomes

    

f h h * h

f h h * h
l li ci ri

r ri ci li

= −
= −

(18)

in which * denotes convolution.

In order to design the filter for each channel, each of the three
filters hli, hci and h ri can be designed separately, and then be
combined using (18) to obtain the desired final filter.  This
method is preferable when HL, Hc and HR are given in the time
domain (e.g., from a measurement).  In this case note that the
delay introduced by hli in fl is d1 + d2 while in fr it is d2.  A simi-
lar argument holds for hri.  This means that the filters hli and hri

required for fl will be different from the filters hli and hri required
for fr.  Only the filter hci can be the same.  Also, filter lengths
should be chosen accordingly, since convolution of two filters
with lengths l and p results in a filter with length l + p Ð 1 and in
order to subtract two filters they should be of the same length.

An interesting test of the performance of the methods described
is to measure the crosstalk cancellation that is achieved.  That is,
when both loudspeakers produce sound, the sound pressure level
at the contralateral ear must be very low compared with the
sound pressure level at the ipsilateral ear.  A certain degree of
crosstalk cancellation is achieved even with no filtering due to
the head shadowing, particularly at higher frequencies (Fig. 5).
Toole [29, 30] and Walker [31] studied the psychoacoustic ef-
fects of early reflections and found that in order to remain inau-
dible they must be at least 15 dB below the direct sound in spec-
trum level.  A successful crosstalk cancellation scheme should
therefore result in at least a 15 dB attenuation of the crosstalk
term.
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Fig. 4.  The HRTF generated from the inverse filter using the
LMS method is shown in the upper plot.  The measured HRTF
(0o azimuth and 0o elevation) is shown in the middle and the
relative error in the bottom plot.
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For the symmetric positioning of the listener that we have ex-
amined, we saw that for the binaural input case we can set HL =
HR = 1 in (4) since the virtual source HRTFÕs are already con-
tained in the binaural signal.  Then, (8) becomes
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in which ideally EL = Sb1  and ER = Sb2.  If we define the filters Fii

= 1/Hi  and FciÊ=ÊÐHc/Hi
2, then (19) can be written as
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which finally becomes
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In order to deliver the desired binaural signal to each ear (i.e., EL

= Sb1 and ER = Sb2) the diagonal terms HiFii + HcFci must be 1
(this would mean that the loudspeaker frequency response inver-
sion has succeeded) and the off-diagonal term HiFci + HcFii must
be 0 (this would mean that the crosstalk cancellation has suc-
ceeded).

We designed the filters Fii and Fci using both LMS and Least-
Squares methods.  For the LMS method, we designed the filter fii

using a length of 349 taps, introducing a delay of 140 samples
and an SER of 44.1 dB.  For the filter fci we designed a filter of
150 taps length, delay of 70 samples and a resulting SER of 31.4
dB with frequency response Hc/Hi, and a filter of 200 taps length,
delay of 70 samples and SER of 31.6 dB with frequency response
1/Hi, and then convolved their time domain responses.  As men-

tioned earlier, this procedure is preferable when the HRTFÕs are
given in the time domain.  We used the measured HRTF data
from the loudspeakers (Hi and Hc) to simulate the physical sys-
tem and designed a set of filters to eliminate the crosstalk.  The
resulting diagonal and off-diagonal terms produced by our simu-
lation are plotted in Fig. 6, in which the diagonal term is plotted
as a solid line and the off-diagonal term as a dotted line.  As can
be seen in the plot, the diagonal term is very close to 1 (0 dB)
from 2 kHz to 15 kHz and deviates only slightly in the region
below 1 kHz.  The off-diagonal term starts at Ð15 dB and remains
below Ð30 dB from 1 kHz to 15 kHz.  For the Least-Squares
method, we designed the filter fii using a length of 349 taps, in-
troducing a delay of 140 samples and an SER of 44.9 dB.  The
filter fci was designed using a filter of 150 taps length, a delay of
70 samples and SER of 31.6 dB with frequency response Hc/Hi,
and a filter of frequency response of 200 taps length, delay of 70
samples and SER of 33 dB and then convolved their time domain
responses.  As in the LMS case, the diagonal term is near 1 (0
dB) in the range of 20 Hz to 15 kHz and the off-diagonal term
starts at Ð15 dB and remains below Ð30 dB up to 15 kHz.

5. Implementation on the TI C62 EVM Board

An experimental audio rendering system was implemented on the
C62 EVM to evaluate the performance of the algorithms de-
scribed above.  The C6x EVM includes a CD quality, 16-bit
audio interface with stereo microphone and line-level inputs and
a stereo line level output.  In order to accommodate the filter
lengths required for effective rendering, a convolution scheme
based on the time invariance property of convolution was imple-
mented as described by
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Fig. 5.  The difference in dB between the ipsilateral (Hi) and
the contralateral (Hc) terms shows the effect of head shadowing
with no crosstalk cancellation.  In this set-up the loudspeakers
were 50 cm apart and the head was located in the symmetric
(center) position at a distance of 50 cm from the loudspeaker
baffle plane.
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Fig. 6.  Measured HRTF data from the loudspeakers (Hi and
Hc) were used to simulate the physical system and design a set
of filters to eliminate the crosstalk.  The resulting diagonal
(solid line) and off-diagonal (dotted line) terms produced by
our simulation using the LMS method are plotted above.  The
diagonal term is very close to 1 (0 dB) from 2 kHz to 15 kHz
and deviates only slightly in the region below 1 kHz.  The off-
diagonal term starts at Ð15 dB and remains below Ð30 dB from
1 kHz to 15 kHz.
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in which L is the convolution filter length and N is unrolling
constant (we typically use N=32 and L = 2048).  Finally, using
the time invariance property we can write the convolution as
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(23)

Since all computations are performed using fixed point arithme-
tic, which is the most appropriate for the TI chip currently used,
care must be taken with the normalizing constant and binary shift
operations in order to avoid 32-bit number overflow.

In our implementation we used the TMS DSP intrinsics
_mpy(int x, int y), _mpyh(int x, int y) that perform multiplication
of the least significant and most significant 16-bit words of the
32-bit operands.  These intrinsics are outlined in Fig. 7.  After
performing the multiplication using the intrinsics we perform an
addition and shift one bit to the right in case the result does not
fit in 32 bits.  This is performed by the intrinsic supported by
TMS DSP int _sadd(int a,int b).

Computational complexity

For an HRTF impulse response length NÊ=Ê512 we need to per-
form N multiplications and N-1 additions.  In other words for two
channel loudspeaker rendering (sampled at 44.1 kHz) we need
approximately 2*44100*512Ê=Ê45 Mips (combined multiplica-
tions & addition operations).  In such DSP convolution algorithm
implementations the most time-consuming operation is memory
access.  Thus, to achieve the required performance it is necessary
to minimize memory requests.  This is accomplished by using
32-bit word access to retrieve two operands simultaneously,
through loop unrolling to avoid memory hits, and by using intrin-
sics to call hardwired operations specific to the problem of ele-
mentary FIR filtering.

Taking these requirements into account we reconsidered the con-
volution algorithm.  Using Matlab like pseudo-code we can out-
line the method as shown in Fig. 8.  MSB() and LSB() denote the
most significant 16-bit word and least significant 16-bit word of
the 32-bit integer respectively. The operation | denotes packing of
two 16-bit values into one 32-bit word.  The left most operand
goes to the MSB and the right most one goes to the LSB.  We
also use the state variables xj, yj in order to minimize memory

requests and let the optimizer take advantage of the processorÕs
registers.

6. Conclusions

Several aspects in the implementation of immersive audio ren-
dering were discussed in this paper.  They include inversion of
non-minimum phase filters and crosstalk cancellation that is an
inherent problem in loudspeaker-based rendering.  Two methods
were examined to implement a set of filters that can be used to
generate the necessary inverse filters required for rendering vir-
tual sound sources, namely the Least-Squares and LMS algo-
rithms.  Our simulations and measurements have shown that both
methods provide good crosstalk cancellation results using various
HRTFÕs.

One of the main advantages of the FTF implementation of the
Least-Squares algorithm is that it is highly suitable for real-time
implementations.  This is of particular importance for the case of
a moving listener in which a different set of HRTFÕs must be
implemented for every listener position.

Finally, an experimental rendering system was implemented on
the TI C62 EVM.  This system is currently under evaluation to
identify the computational bottlenecks and performance trade-
offs.
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