
-I- IMPROVED HEAD RELATED TRANSFER FUNCTIONS FOR
PANNED STEREO AUDIO CONTENT  BACKGROUND [0001] The
present invention is related to the field of audio signal processing, and
more specifically  5 to processing channels of audio through filters to
provide a perception of spatial dimension, including  correctly locating a
panned signal while listening using a binaural or transaural playback
system.  [0002] FIG. 1 shows a common binaural playback system that
includes processing multiple channels  of audio by a plurality of Head
Related Transfer Function (HRTF) filters, e.g., FIR filters, so as to  provide
a listener 20 with the impression that each of the input audio channels is
being presented 10 from a particular direction, FIG. 1 shows the
processing of a number, denoted N, of audio sources  consisting of a first
audio channel 11 (Channel 1), a second audio channel (Channel 2), ...,
and an  N'th audio channel 12 (Channel N) of information. The binaural
playback system is for playback  using a pair of headphones 19 worn by
the listener 20. Each channel is processed by a pair of HRTF  filters, one
filter aimed for playback though the left ear 22 of the listener, the other
played through 15 the right ear 23 of the listener 20. So a first HRTF pair
of filters 13, 14, up to an N'th pair of HRTF  filters 15 and 16 are shown.
The outputs of each HRTF filter meant for the left ear 22 of the listener  20
are added by an adder 18, and the outputs of each HRTF filter meant for
playback through the  right ear 23 of the listener 20 are added by an adder
17. The direction of incidence of each channel  perceived by the listener
20 is determined by the choice of HRTF filter pair that is applied to that 20
channel. For example, in FIG. 1, Audio Channel 1 (11) is processed
through a pair of filters 13, 14,  so that the listener is presented with audio
input via headphones 19 that will give the listener the  impression that the
sound of Audio Channel 1 (11) is incident to the listener from a particular
arrival  azimuth angle denoted 8r, e.g., from a location 21. Similarly, the
HRTF filter pair for the second  audio channel is designed such that the
sound of Audio Channel 2 is incident to the listener from a 25 particular
arrival azimuth angle denoted 02, ..., and the I-IRTF filter pair for N'th
audio channel is  designed such that the sound of Audio Channel N (12) is
incident to the listener from a particular  arrival azimuth angle denoted 8N.
[0003] For simplicity, FIG. 1 shows only the azimuth angles of arrival, e.g.,
the angle of arrival of  the perceived sound corresponding to Channel 1
from a perceived source 21. In general, HRTF filters  30 may be used to
provide the listener 20 with stimulus corresponding to any arrival direction,
specified  by both an azimuth angle of incidence and an elevation angle of
incidence. [0004] By a HRTF filter pair is meant the set of two separate
HRTF filters required to process a  single channel for the two ears 22, 23
of the listener, one HRTF filter per ear. Therefore, for two  



channel sound, two HRTF filters pairs are used. -2- [00051 The
description herein is provided in detail primarily for a two-input-channel,
i.e., stereo  input pair system. Extending the aspects described herein to
three or more input channels is  straightforward, and therefore such
extending is regarded as being within the scope of the invention.  [0006]
FIG. 2 shows a stereo binauralizer system that includes two audio inputs,
a left channel input 5 31 and a right channel input 32. Each of the two
audio channel inputs are separately processed, with  the left channel input
being processed through one I RTF pair 33,34, and the right channel input
being processed through a different HRTF pair 35, 36. In a typical
situation, the left channel input 31  and the right channel input 32 are
meant for symmetric playback, such that the aim of binauralizing  using
the two HRTF pairs is to give the perception to the listener of hearing the
left and right 10 channels from respective left and right angular locations
that are symmetrically positioned relative to  the medial plane of the
listener 20. Referring to FIG. 2, if the HRTF pairs 33, 34, 35, 36 are for
symmetrical listening, the left channel is perceived from source 37 at an
azimuth angle 9 and the  right channel is perceived to be from a source 38
at an azimuth angle that is the negative of the  azimuth angle of the right
perceived source 37, i.e., from an azimuth angle-9. 15 [0007] Under
conditions of such symmetry, some simplifying assumptions are made.
The first is  that the listener's head and sound perception is symmetric.
That means that: [0008] HRTF(9, L) = HRTF(-9, R) (1)  [0009] Further, the
BRTF from the left source 37 to the left ear 22 is equal to the HRTF from
the  right source 38 to the right ear 23. Denote such an HRTF as
HRTF"ea,. Similarly, under such 20 symmetrical assumptions, the HRTF
from the left source 37 to the right ear 23 is equal to the HRTF  from the
right source 3 8 to the left ear 22. Denote such a HRTF as HRTFfa,.
[0010] In binauralizers, the HRTF filters are typically found by measuring
the actual HRTF  response of a dummy head, or a human listener's head.
Relatively sophisticated binaural processing  systems make use of
extensive libraries of HRTF measurements, corresponding to multiple
listeners  25 and/or multiple sound incident azimuth and elevation angles.
[0011] It is common, for a binaural system in use today, to simply use the
measured O and -9HRTF  pairs in a binaural processing system such as
that of FIG. 2. In other words, making the assumption  that measured
HRTFs pairs are symmetrical, HRTF=HRTF(9, L)  [0012] ear (2)  HRTFja,.
= HRTF(0, R) 



30 [0013] Even if it is found by measurement that the listener head
responses on which the HRTF pair  is measured are not symmetric, such
that Eq. 1 does not hold, a binauralizer such as that of FIG. 2  can be
forced to be symmetrical by using HRTF filter pairs formed by averaging
measured HRTFs.  That is, for symmetrically listening to left and right that
appear to be from sound sources, called -3- "virtual sound sources," also
called "virtual speakers" that are at azimuth angles of Band -B, the  filters
for binaural processing are set as: HRT HRTF(O, L) +HRTF(-9, R)  ~~ear
3  [001x] 2 )  HRTF HRTF((r),R)+HRTF(-(r),L) ' f"r 2 [0015] where
HRTF(O, L) and HRTF(0, R) are the measured HRTF's for to the left and
right  5 angle, respectively, for a perceived source at angle 0. Therefore,
by the near and far 1IRTFs are  meant the actual measured or assumed
HRTFs for the symmetric case, or the average HRTF's for the
non-symmetric case. [0016] Broadly (and roughly) speaking, such a
binauralizer simulates the way a normal stereo  speaker system works, by
presenting the left audio input signal though an HRTF pair corresponding
10 to a virtual left speaker, e.g., 37 and the right audio input signal though
an HRTF pair corresponding to a virtual right speaker, e.g., 38. This is
known to work well for providing the listener with the  sensation that
sounds, left and right channel inputs, are emanating from left and right
virtual speaker  locations, respectively. [0017] In sound reproductions,
e.g., through actual stereo speakers, it often is also desired to provide  15
the listener with the sensation not only of left and right audio input sources
31 and 32 appearing to be  from the speakers correctly placed to the left
and right of the listener, but also from one or more  sound sources that are
between such left and right speaker locations. Suppose that there is a
sound  component that is elsewhere, e.g., elsewhere in front of the
listener. As an example, suppose there is  a sound source that is in the
center between the assumed locations of left and right input audio 20
channels. It is common, for example, in modem stereo recordings, for an
audio signal to be fed with  equal albeit attenuated amplitude to the left
and right channels, so that when such left and right  channel inputs are
played back on stereo speakers in front of the listener, the listener is given
the  impression that the sound source is emanating from a source, called
a "phantom speaker" located  centrally between the left and right
speakers. The term "phantom" is used for such a speaker because 



25 there is no actual speaker there. This is often referred to as a "phantom
center," and the process of  producing the sensation of a sound coming
from the center is called "creating the center image."  [0018] Similarly, by
proportionally feeding different amounts of a signal to the left and right
channel inputs, the sensation of a sound emanating from elsewhere
between the left and right speaker  locations is provided to the listener. 30
[0019] To so create a stereo pair by diving an input between the left and
right channel is called  "panning;" equally dividing the signal is called
"center panning." -4- [0020] It is desired to provide the same sensation,
that is, creating the center image, in a binauralizer  system for playback
though a set of headphones. (0021] Consider, for example, an audio input
signal called Monolnput center panned, e.g., split  between the two
channel inputs. For example, suppose two signals :LeftAudio and
RightAudio are  5 created as: LeftAudio = Monolnput  [0022] 2 Monolnput
(4)  RightAudio = 2  [0023] The results of a so center panned signal for
stereo speaker reproduction is meant to be  perceived as a signal
emanating from the front center. [00241 If the inputs LefiAudio and
RightAudio of Eq. 4 are input to the binauralizer of FIG. 2, the  10 left ear
22 and right ear 23 are fed signals, denoted LeftEar and RightEar,
respectively, with:  LeftEar = HRTF"ear 0 LeftAudio + HRTFfar 0
RightAudio 5  [0025] RightEar = HRTF,ear 0 RightAudio + HRTFfar 0
LeftAudio' [0026] where 0 denotes the filtering operation, e.g., in the case
that IIRTFnear is expressed as an  impulse response, and LeftAudio as a
time domain input, HRTF"ear (r) LeftAudlo denotes  convolution. So, by
combining the equations above, LeftEar = HRTFaear (r) Mon J nput +
HRTF far (r) Mon nput  HRTF,, Q.. + HRTFfar 0 Monolnput 15 [00271 2
(6)  RightEar = HRTF1,,, (r)Morto2 nput + HRTFfa, (r) Mora 2 nput
HRTFnear + HRTFfar 



(r) Monolnput  2 [00281 It is desired that such a splitting of an input would
present the sensation of listening at a  virtual speaker position of 0, that is,
the left and right ears are presented with a stimulus that  corresponds to a
0 I3RTF pair. In practice, this does not happen, so that a listener does not
perceive  the signal Monolnput to be from a virtual speaker centrally
located between the virtual left and right 20 speakers 37 and 38. Similarly,
unequally splitting a signal between the left and right channel inputs  and
then binauralizing through a binauralizer such as shown in FIG. 2 fails to
correctly create the  illusion of the desired virtual location of the source
between the virtual left and right speakers.  [0029] There thus is a need in
the art for a binauralizer and binauralizing system that creates the  illusion
to a listener of a sound emanating from a location between the left and
right virtual speaker -5- locations of a binauralizer system, where by the
left and right virtual speaker locations are meant the  locations assumed
for a left channel input and right channel input. 100301 A signal that is
meant to appear to come from the center rear, e.g., by splitting a mono
signal  into the left rear and right rear channel inputs, typically will not be
perceived to come from the  center rear when played back on
headphones via a binauralizer that uses symmetric rear HRTF filters
aimed at placing the rear speakers at symmetric rear virtual speaker
locations. [0031] There thus is a need in the art also for a binauralizer and
binauralizing system that creates  the illusion to a listener of a sound
emanating from the rear center location for rear speaker signals,  e.g..
surround sound signals of a four or five channel system created by center
panning a signal  between the left and right virtual rear (surround)
speakers. SUMMARY  [0032] Described herein in different embodiments
and aspects are a method to process audio signals,  an apparatus
accepting audio signals, a carrier medium that carried instructions for a
processor to  implement the method to process audio signals, and a
carrier medium carrying filter data to  implement a filter of audio signals.
When the inputs include a panned signal, each of these provide a  listener
with a sensation that the panned signal component emanates from a
virtual sound source at a  center location. [0032a] In accordance with a
first aspect of the present invention, there is provided a method
comprising: accepting a pair of audio input signals for audio reproduction;
shuffling the input  signals to create a first signal ("sum signal")
proportional to the sum of the input signals and  a second signal
("difference signal") proportional to the difference of the input signals;
filtering the  sum signal through a filter that approximates twice a center
HRTF for a listener listening to a virtual  



sound source at a center location.; filtering the difference signal through a
filter that approximates  the difference between a near ear IIRTF and a far
ear HRTF for the listener listening to a pair of  virtual speakers; and
unshuffling the filtered sum signal and the filtered difference signal to
create a  first output signal proportional to the sum of the filtered sum and
filtered difference signals and a  second output signal proportional to the
difference of the filtered sums and filtered difference  signals, such that in
the case that the pair of audio input signals includes a panned signal
component,  the listener listening to the first and second output signals
through headphones is provided with the  sensation that the panned
signal component emanates from the virtual sound source at the center
location. [0032h] In accordance with a second aspect of the present
invention, there is provided an apparatus  comprising: means for shuffling
a pair of audio input signals, the means for shuffling creating a  first signal
("sum signal") proportional to the sum of the input signals and a second
signal  ('difference signal") proportional to the difference of the input
signals; means for filtering the  stun signal through a filter that
approximates twice a center HRTF for a listener listening to a  virtual
sound source at a center location, the means for filtering the stun signal
coupled to the -5a- means for shuffling; means for filtering the difference
signal through a filter that approximates  the difference between a near
ear HRTF and a far ear HRTF for the listener listening to a pair of  virtual
speakers, the means for filtering the difference signal coupled to the
means for shuffling;  and means for unshuffling the filtered sum signal and
the filtered difference signal, the means for  unshuffling coupled to the
means for shuffling, the means for unshuffling creating a first output
signal proportional to the sum of the filtered stun and filtered difference
signals and a second  output signal proportional to the difference of the
filtered sum and filtered difference signals, such  that in the case that the
pair of audio input signals includes a panned signal component, the
listener  listening to the first and second output signals through
headphones is provided with the sensation  that the panned signal
component emanates from the virtual sound source at the center location.
[0032c] In accordance with a third aspect of the present invention, there is
provided an apparatus  comprising: a shuffler having inputs to accept a
pair of audio input signals to create a first signal  ("sum signal")
proportional to the sum of the input signals and a second signal
("difference  signal") proportional to the difference of the input signals, the
shuffler having a sum signal output  and a difference signal output; a sum
filter coupled to the sum signal output to filter the sum  signal to
approximates twice a center HRTF for a listener listening to a virtual
sound source at a  center location; a difference filter coupled to the
difference signal output to filter the difference  signal, the difference filter
approximating the difference between a near ear HRTF and a far ear  



IIRTF for the listener listening to a pair of virtual speakers; and an
unshuffler coupled to the  outputs of the sum filter and the difference filter
to create a first output signal proportional to the  sum of the filtered sum
and filtered difference signals and a second output signal proportional to
the  difference of the filtered sum and filtered difference signals, such that
in the case that the pair of  audio input signals includes a panned signal
component, the listener listening to the first and  second output signals
through headphones is provided with the sensation that the panned signal
component emanates from the virtual sound source at the center location.
10032d] In accordance with a fourth aspect of the present invention, there
is provided a  method comprising: filtering a pair of audio input signals by
a process that produces a pair of output  signals corresponding to the
results of. filtering each of the input signals with a HRTF filter  pair; and
adding the HRTF filtered signals, wherein the HRTF filter pair are such
that a  listener listening to the pair of output signals through headphones
experiences sounds from a  pair of desired virtual speaker locations,
wherein the filtering is such that, in the case that the  pair of audio input
signals includes a panned signal component, the listener listening to the
pair of output signals through headphones is provided with the sensation
that the panned  signal component emanates from a virtual sound source
at a center location between the  virtual speaker locations, and wherein
the IIRTF filter pair consists of a near ear HRTF and a  far ear HRTF for
the listener listening to a pair of virtual speakers at the desired virtual
speaker locations, and wherein the filtering of the pair of audio input
signals includes: -5b- shuffling the input signals to create a first signal
("sum signal") proportional to the sum of  the input signals and a second
signal ("difference signal") proportional to the difference of  the input
signals; filtering the sum signal through a filter that approximates twice a
center  HRTF for a listener listening to a virtual sound source at a center
location; filtering the  difference signal through a filter that approximates
the difference between the near ear HRTF  and the far car HRTF; and
unshuffling the filtered sum signal and the filtered difference  signal to
create a first output signal proportional to the sure of the filtered sum and
filtered  difference signals and a second output signal proportional to the
difference of the filtered  sum and filtered difference signals. [0032e] In
accordance with a filth aspect of the present invention, there is provided a
method  comprising: filtering a pair of audio input signals by a process that
produces a pair of output  signals corresponding to the results of. filtering
each of the input signals with a HRTF filter  pair; and adding the HRTF
filtered signals, wherein the IIRTF filter pair are such that a  listener
listening to the pair of output signals through headphones experiences
sounds from a  



pair of desired virtual speaker locations, wherein the filtering is such that,
in the case that the  pair of audio input signals includes a panned signal
component, the listener listening to the  pair of output signals through
headphones is provided with the sensation that the panned  signal
component emanates from a virtual sound source at a center location
between the  virtual speaker locations, and wherein the HRTF filter pair
consists of an equalized near car  HRTF and an equalized far ear HRTF,
the equalized near ear HRTF and the equalized far ear  HRTF obtained by
respectively equalizing a near ear HRTF and a far car HRTF for the
listener listening to a pair of virtual speakers at the desired virtual speaker
locations, the  equalizing using an equalizing filter configured such that the
average of the equalized near  ear HRTF and equalized far ear HRTF is a
desired center HRTF for the listener listening to a  virtual sound source at
a center location. 10032fl In accordance with a sixth aspect of the present
invention, there is provided a method  comprising: filtering a pair of audio
input signals by a process that produces a pair of output  signals
corresponding to the results of: filtering each of the input signals with a
HRTF filter  pair; and adding the HRTF filtered signals, wherein the HRTF
filter pair are such that a  listener listening to the pair of output signals
through headphones experiences sounds from a  pair of desired virtual
speaker locations, wherein the filtering is such that, in the case that the
pair of audio input signals includes a panned signal component, the
listener listening to the  pair of output signals through headphones is
provided with the sensation that the panned  signal component emanates
from a virtual sound source at a center location between the  virtual
speaker locations, and wherein the filtering the pair of audio input signals
is such that  that the sum of the pair of audio input signals is filtered by a
filter response substantially  equal to a desired center HRTF. -5c- [0032g]
In accordance with a seventh aspect of the present invention, there is
provided a  method comprising: filtering a pair of audio input signals by a
process that produces a pair of  output signals corresponding to the
results of, filtering each of the input signals with a HRTF  filter pair; and
adding the HRTF filtered signals, wherein the HR IT filter pair are such
that a  listener listening to the pair of output signals through headphones
experiences sounds from a  pair of desired virtual speaker locations,
wherein the filtering is such that, in the case that the  pair of audio input
signals includes a panned signal component, the listener listening to the
pair of output signals through headphones is provided with the sensation
that the panned  signal component emanates from a virtual sound source
at a center location between the  virtual speaker locations, and wherein
the audio input signals include a left input and a right  



input, wherein the pair of virtual speakers are at a left virtual speaker
location and a right  virtual speaker location symmetric about the listener,
and wherein the listener and listening  are symmetric such that near HRTF
is the left virtual speaker to left ear HRTF and the right  virtual speaker to
right ear HRTF, and such that far HRTF is the left virtual speaker to right
ear FIRTF and the right virtual speaker to left ear HRTF. [0032h] In
accordance with an eighth aspect of the present invention, there is
provided a  method comprising: filtering a pair of audio input signals by a
process that produces a pair of  output signals corresponding to the
results of. filtering each of the input signals with a HRTF  filter pair; and
adding the HRTF filtered signals, wherein the HRTF filter pair are such
that a  listener listening to the pair of output signals through headphones
experiences sounds from a  pair of desired virtual speaker locations,
wherein the filtering is such that, in the case that the  pair of audio input
signals includes a panned signal component, the listener listening to the
pair of output signals through headphones is provided with the sensation
that the panned  signal component emanates from a virtual sound source
at a center location between the  virtual speaker locations, and wherein
the audio input signals include a left input and a right  input, wherein the
pair of virtual speakers are at a left virtual speaker location and a right
virtual speaker location, and wherein the near HRTF is proportional to the
average of the left  virtual speaker to left ear IIRTF and the right virtual
speaker to right ear HRTFS and wherein  the far HRTF is proportional to
the average of the left virtual speaker to right ear FIRTF and  the right
virtual speaker to left ear HRTF. [0032i] In accordance with a ninth aspect
of the present invention, there is provided a method  comprising: filtering a
pair of audio input signals by a process that produces a. pair of output
signals corresponding to the results of. filtering each of the input signals
with a HRTF filter  pair; and adding the HRTF filtered signals, wherein the
HRTF filter pair are such that a  listener listening to the pair of output
signals through headphones experiences sounds from a  pair of desired
virtual speaker locations, wherein the filtering is such that, in the case that
the  pair of audio input signals includes a panned signal component. the
listener listening to the -5d- pair of output signals through headphones is
provided with the sensation that the panned  signal component emanates
from a virtual sound source at a center location between the  virtual
speaker locations, andwherein the audio input signals include a left input
and a right  input, wherein the pair of virtual speakers are at a left front
virtual speaker location and a  right front virtual speaker location to the
front of the listener. [0032j] In accordance with a tenth aspect of the
present invention, there is provided a method  



comprising: filtering a pair of audio input signals by a process that
produces a pair of output  signals corresponding to the results of: filtering
each of the input signals with a HRTF filter  pair; and adding the HRTF
filtered signals, wherein the HRTF filter pair are such that a  listener
listening to the pair of output signals through headphones experiences
sounds from a  pair of desired virtual speaker locations. wherein the
filtering is such that, in the case that the  pair of audio input signals
includes a panned signal component, the listener listening to the  pair of
output signals through headphones is provided with the sensation that the
panned  signal component emanates from a virtual sound source at a
center location between the  virtual speaker locations, and wherein the
audio input signals include a left input and a right  input, wherein the pair
of virtual speakers are at a left rear virtual speaker location and a right
rear virtual speaker location to the rear of the listener. [0032k] In
accordance with an eleventh aspect of the present invention, there is
provided a  method comprising: filtering a pair of audio input signals by a
process that produces a pair of  output signals corresponding to the
results of: filtering each of the input signals with a HRTF  filter pair; and
adding the HRTF filtered signals, wherein the HRTF filter pair are such
that a  listener listening to the pair of output signals through headphones
experiences sounds from a  pair of desired virtual speaker locations,
wherein the filtering is such that, in the case that the  pair of audio input
signals includes a panned signal component, the listener listening to the
pair of output signals through headphones is provided with the sensation
that the panned  signal component emanates from a virtual sound source
at a center location between the  virtual speaker locations, and wherein
the audio input signals are a subset of a set of more  than two input
signals for surround sound playback, and wherein the method includes
processing the set of more than two input signals for listening through
headphones, including  creating virtual speaker locations for each of the
input signals. [00321] In accordance with a twelfth aspect of the present
invention, there is provided a  method comprising: filtering a pair of audio
input signals for audio reproduction, the filtering  by a process that
produces a pair of output signals corresponding to the results of. filtering
each of the input signals with a HRTF filter pair; adding the HRTF filtered
signals; and cross- talk cancelling the added HRTF filtered signals,
wherein the cross-talk cancelling is for a  listener listening to the pair of
output signals through speakers located at a first set of speaker  locations,
wherein the HRTF filter pair are such that a listener listening to the pair of
output -5e- signals experiences sounds from a pair of virtual speakers at
desired virtual speaker  locations, wherein the filtering is such that, in the
case that the pair of audio input signals  



includes a panned signal component, a listener listening to the pair of
output signals through  the pair of speakers at the first set of speaker
locations is provided with the sensation that the  panned signal
component emanates from a virtual sound source at a center location
between  the desired virtual speaker locations, and wherein the HRYF
filter pair consists of a near ear  HRTF and a far car HRTF for the listener
listening to a pair of virtual speakers at the desired  virtual speaker
locations, and wherein the filtering of the pair of audio input signals
includes:  shuffling the input signals to create a first signal ("sum signal")
proportional to the sum of  the input signals and a second signal
("difference signal") proportional to the difference of  the input signals;
filtering the sum signal through a filter that approximates twice a center
HRTF for a listener listening to a virtual sound source at a center location;
filtering the  difference signal through a filter that approximates the
difference between the near ear HRTF  and the far ear HRTF; and
unshuffling the filtered sum signal and the filtered difference  signal to
create a first output signal proportional to the sum of the filtered sum and
filtered  difference signals and a second output signal proportional to the
difference of the filtered  sum and filtered difference signals. 10032m] In
accordance with a thirteenth aspect of the present invention, there is
provided a  method comprising: filtering a pair of audio input signals for
audio reproduction, the filtering  by a process that produces a pair of
output signals corresponding to the results of. filtering  each of the input
signals with a HRTF filter pair; adding the HRTF filtered signals; and
cross-talk cancelling the added HRTF filtered signals, wherein the
cross-talk cancelling is for  a listener listening to the pair of output signals
through speakers located at a first set of  speaker locations, wherein the
HRTF filter pair are such that a listener listening to the pair of  output
signals experiences sounds from a pair of virtual speakers at desired
virtual speaker  locations, wherein the filtering is such that, in the case that
the pair of audio input signals  includes a panned signal component, a
listener listening to the pair of output signals through  the pair of speakers
at the first set of speaker locations is provided with the sensation that the
panned signal component emanates from a virtual sound source at a
center location between  the desired virtual speaker locations; and
wherein the HRTF filter pair consists of an  equalized near ear HRTF and
an equalized far ear HRTF, the equalized near ear HRTF and  the
equalized far ear HRTF obtained by respectively equalizing a near ear
HRTF and a far  ear HRTF for the listener listening to a pair of virtual
speakers at the desired virtual speaker  locations, the equalizing using an
equalizing filter configured such that the average of the  equalized near
ear HRTF and equalized far ear HRTF is a desired center HRTF for the
listener listening to a virtual sound source at a center location. 



-5f- [0032n] In accordance with a fourteenth aspect of the present
invention, there is provided a  method comprising: filtering a pair of audio
input signals for audio reproduction, the filtering  by a process that
produces a pair of output signals corresponding to the results of. filtering
each of the input signals with a HRTF filter pair; adding the HRTF filtered
signals; and  cross-talk cancelling the added HRTF filtered signals,
wherein the cross-talk cancelling is for  a listener listening to the pair of
output signals through speakers located at a first set of  speaker locations,
wherein the HRTF filter pair are such that a listener listening to the pair of
output signals experiences sounds from a pair of virtual speakers at
desired virtual speaker  locations, wherein the filtering is such that, in the
case that the pair of audio input signals  includes a panned signal
component, a listener listening to the pair of output signals through  the
pair of speakers at the first set of speaker locations is provided with the
sensation that the  panned signal component emanates from a virtual
sound source at a center location between  the desired virtual speaker
locations. and wherein the filtering of the pair of audio input  signals is
such that that the sum of the pair of audio input signals is filtered by a filter
response substantially equal to twice a desired center HRTF. [00320] In
accordance with a fifteenth aspect of the present invention, there is
provided a  method comprising: filtering a pair of audio input signals for
audio reproduction, the filtering  by a process that produces a pair of
output signals corresponding to the results of: filtering  each of the input
signals with a HRTF filter pair; adding the HRTF filtered signals; and
cross-talk cancelling the added HRTF filtered signals, wherein the
cross-talk cancelling is for  a listener listening to the pair of output signals
through speakers located at a first set of  speaker locations, wherein the
HRTF filter pair are such that a listener listening to the pair of  output
signals experiences sounds from a pair of virtual speakers at desired
virtual speaker  locations, wherein the filtering is such that, in the case that
the pair of audio input signals  includes a panned signal component, a
listener listening to the pair of output signals through  the pair of speakers
at the first set of speaker locations is provided with the sensation that the
panned signal component emanates from a virtual sound source at a
center location between  the desired virtual speaker locations, and
wherein the audio input signals include a left input  and a right input,
wherein the pair of virtual speakers are at a left virtual speaker location
and  a right virtual speaker location symmetric about the listener, and
wherein the listener and  listening are symmetric such that near HRTF is
the left virtual speaker to left ear HRTF and  the right virtual speaker to
right ear HRTF, and such that far HRTF is the left virtual speaker  to right
ear HRTF and the right virtual speaker to left ear HRTF. 



10032pj In accordance with a sixteenth aspect of the present invention,
there is provided a  method comprising: filtering a pair of audio input
signals for audio reproduction, the filtering  by a process that produces a
pair of output signals corresponding to the results of: filtering  each of the
input signals with a HRTF filter pair; adding the IIRTF filtered signals; and
-5g- cross-talk cancelling the added HRTF filtered signals, wherein the
cross-talk cancelling is for  a listener listening to the pair of output signals
through speakers located at a first set of  speaker locations, wherein the
FIRTF filter pair are such that a listener listening to the pair of  output
signals experiences sounds from a pair of virtual speakers at desired
virtual speaker  locations, wherein the filtering is such that, in the case that
the pair of audio input signals  includes a panned signal component, a.
listener listening to the pair of output signals through  the pair of speakers
at the first set of speaker locations is provided with the sensation that the
panned signal component emanates from a virtual sound source at a.
center location between  the desired virtual speaker locations, and
wherein the audio input signals include a left input  and a right input,
wherein the pair of virtual speakers are at a left virtual speaker location
and  a right virtual speaker location, and wherein the near FIRTF is
proportional to the average of  the left virtual speaker to left ear HRTF and
the right virtual speaker to right ear FFRTF, and  wherein the far HRTF is
proportional to the average of the left virtual speaker to right ear  HRTF
and the right virtual speaker to left ear HRTF. [0032q] In accordance with
a seventeenth aspect of the present invention, there is provided a  method
comprising: filtering a pair of audio input signals for audio reproduction,
the filtering  by a process that produces a pair of output signals
corresponding to the results of filtering  each of the input signals with a
HRTF filter pair; adding the HRTF filtered signals; and  cross-talk
cancelling the added HRTF filtered signals. wherein the cross-talk
cancelling is for  a listener listening to the pair of output signals through
speakers located at a first set of  speaker locations, wherein the HRTF
filter pair are such that a listener listening to the pair of  output signals
experiences sounds from a pair of virtual speakers at desired virtual
speaker  locations, wherein the filtering is such that, in the case that the
pair of audio input signals  includes a panned signal component, a listener
listening to the pair of output signals through  the pair of speakers at the
first set of speaker locations is provided with the sensation that the
panned signal component emanates from a virtual sound source at a
center location between  the desired virtual speaker locations. and
wherein the audio input signals include a left input  and a right input,
wherein the pair of virtual speakers are at a left front virtual speaker
location and a right front virtual speaker location to the front of the listener.



10032r] In accordance with an eighteenth aspect of the present invention,
there is provided a  method comprising: filtering a pair of audio input
signals for audio reproduction, the filtering  by a process that produces a
pair of output signals corresponding to the results of: filtering d  each of
the input signals with a HRTF filter pair; adding the HRTF filtered signals;
an cross-talk cancelling the added HRTF filtered signals, wherein the
cross-talk cancelling is for  a listener listening to the pair of output signals
through speakers located at a first set of  speaker locations, wherein the
HRTF filter pair are such that a listener listening to the pair of  output
signals experiences sounds from a pair of virtual speakers at desired
virtual speaker _5h_  locations, wherein the filtering is such that, in the
case that the pair of audio input signals  includes a panned signal
component, a listener listening to the pair of output signals through  the
pair of speakers at the first set of speaker locations is provided with the
sensation that the  panned signal component emanates from a virtual
sound source at a center location between  the desired virtual speaker
locations, and wherein the audio input signals include a left input  and a
right input, wherein the pair of virtual speakers are at a left rear virtual
speaker location  and a right rear virtual speaker location to the rear of the
listener. [0032x] In accordance with a nineteenth aspect of the present
invention, there is provided a  method comprising: filtering a pair of audio
input signals for audio reproduction, the filtering  by a process that
produces a pair of output signals corresponding to the results of filtering
each of the input signals with a HRTF filter pair; adding the HRTF filtered
signals; and  cross-talk cancelling the added HRTF filtered signals,
wherein the cross-talk cancelling is for  a listener listening to the pair of
output signals through speakers located at a first set of  speaker locations,
wherein the HRTF filter pair are such that a listener listening to the pair of
output signals experiences sounds from a pair of virtual speakers at
desired virtual speaker  locations, wherein the filtering is such that, in the
case that the pair of audio input signals  includes a panned signal
component, a listener listening to the pair of output signals through  the
pair of speakers at the first set of speaker locations is provided with the
sensation that the  panned signal component emanates from a virtual
sound source at a center location between  the desired virtual speaker
locations, and wherein the audio input signals are a subset of a set  of
more than two input signals for surround sound playback, and wherein the
method  includes processing the set of more than two input signals for
listening through headphones,  including creating virtual speaker locations
for each of the input signals. [0032t] In accordance with a twentieth aspect
of the present invention, there is provided a  



method comprising: accepting a pair of audio input signals for audio
reproduction; shuffling  the input signals to create a first signal ("sum
signal") proportional to the stun of the input  signals and a second signal
("difference signal") proportional to the difference of the input  signals;
filtering the sum signal through a filter that approximates the sum of an
equalized  version of a near ear HRTF and an equalized version of a far
ear HRTF, the near ear and far  ear HRTFs being for a listener listening to
a pair of virtual speakers at corresponding virtual  speaker locations, the
equalized versions obtained using an equalization filter designed such
that the average of the equalized near ear I-IRTF and equalized far ear
HRTF approximates a  center HRTF for a listener listening to a virtual
sound source at a center location between the  virtual speaker locations;
filtering the difference signal through a filter that approximated the
difference between the equalized version of the near ear HRTF and the
equalized version of  the far ear HRTF for the listener listening to the pair
of virtual speakers; and unshuflling the  filtered sum signal and the filtered
difference signal to create a first output signal -5i- proportional to the sum
of the filtered sum and filtered difference signals and a second output
signal proportional to the difference of the filtered sum and filtered
difference signals, such  that in the case that the pair of audio input
signals includes a panned signal component, the  listener listening to the
first and second output signals through headphones is provided with  the
sensation that the panned signal component emanates from the virtual
sound source at the  center location. [00331 One embodiment of the
invention is a method that includes filtering a pair of audio input  signals by
a process that produces a pair of output signals corresponding to the
results of: filtering  each of the input signals with a. HRTF filter pair, and
adding the HRTF filtered signals. The HRTF  filter pair is such that a
listener listening to the pair of output signals through headphones
experiences sounds from a pair of desired virtual speaker locations.
Furthermore, the filtering is such  that, in the case that the pair of audio
input signals includes a panned signal component, the listener  listening to
the pair of output signals through headphones is provided with the
sensation that the  panned signal component emanates from a virtual
sound source at a center location between the  virtual speaker locations.
[00341 Another embodiment in a method includes equalizing a pair of
audio input signals by an  equalizing filter, and binauralizing the equalized
input signals using HRTF pairs to provide a pair of  binauralized outputs
that provide a listener listening to the hinatualized output via headphones
the  illusion that sounds corresponding to the audio input signals emanate
from a first and a second virtual  speaker location. The elements of the
method are arranged such that the combination of the  



equalizing and binauralizing is equivalent to binauralizing using equalized
HRTF pairs, each  equalized HRTF of the equalized I-MIT pairs being the
corresponding HRTF for the binauralizing of  the equalized signals
equalized by the equalizing filter. The average of the equalized. HRTFs
substantially equals a desired HRTF for the listener listening to a sound
emanating from a center  location between the first and second virtual
speaker locations. In the case that the pair of audio input -6- signals
includes a panned signal component, the listener listening to the pair of
binauralized outputs  through the headphones is provided with the
sensation that the panned signal component emanates  from a virtual
sound source at the center location. 100351 Another embodiment of the
invention is a carrier medium carrying filter data for a set of  HRTF filters
for processing a pair of audio input signals to provide a listener listening to
the  processed signals via headphones the illusion that sounds
approximately corresponding to the audio  input signals emanate from a
first and a second virtual speaker location, the FIRTT filters designed
such that the average of the HRTF filters approximates the FIRTF
response of the listener listening  to a sound from a center location
between the first and a second virtual speaker locations. [00361 Another
embodiment of the invention is a carrier medium carrying filter data for a
set of  HRTF filters for processing a pair of audio input signals to provide a
listener listening to the  processed signals via headphones the illusion that
sounds corresponding to the audio input signals  emanate from a first and
a second virtual speaker location, such that a signal component panned
between each of the pair of audio input signals provides the listener
listening to the processed signals  via headphones the illusion that the
panned signal component emanated from a center location  between the
first and a second virtual speaker locations. [00371 Another embodiment
of the invention is a method that includes accepting a pair of audio  input
signals for audio reproduction, shuffling the input signals to create a first
signal ("sum signal")  proportional to the sum of the input signals and a
second signal ("difference signal") proportional to  the difference of tine
input signals. and filtering the sum signal through a filter that approximates
the  sum of an equalized version of a near ear HRTF and an equalized
version of a far ear HRTF. The  near ear and far ear HRTFs are for a
listener listening to a pair of virtual speakers at corresponding  virtual
speaker locations. The equalized versions are obtained using an
equalization filter designed  such that the average of the equalized near
ear HRTF and equalized far ear HRTF approximates a  center HRTF for a
listener listening to a virtual sound source at a center location between the
virtual  speaker locations. The method further includes filtering the
difference signal through a filter that  approximated the difference between
the equalized version of the near ear HRTF' and the equalized  version of
the far ear HRTF for the listener listening to the pair of virtual speakers.
The method  



further includes unshuffling the filtered sum signal and the filtered
difference signal to create a first  output signal proportional to the suit of
the filtered sum and filtered difference signals and a. second  output signal
proportional to the difference of the filtered sure and filtered difference
signals. The  method is such that in the case that the pair of audio input
signals includes a. panned signal  component, the listener listening to the
first and second output signals through headphones is  provided with the
sensation that the panned signal component emanates from the virtual
sound  source at the center location. -7- 100381 Another embodiment of
the invention is a method that includes filtering a pair of audio input
signals for audio reproduction, the filtering by a process that produces a
pair of output signals  corresponding to the results of filtering each of the
input signals with a HRTF filter pair. adding the  HRTF filtered signals. and
cross-talk cancelling the added HRTF filtered signals. The cross-talk
cancelling is for a listener listening to the pair of output signals through
speakers located at a first set of  speaker locations. The HRTF filter pair
are such that a listener listening to the pair of output signals  experiences
sounds from a pair of virtual speakers at desired virtual speaker locations.
The filtering is  such that, in the case that the pair of audio input signals
includes a panned signal component, a listener  listening to the pair of
output signals through the pair of speakers at the first set of speaker
locations is  provided with the sensation that the panned signal
component emanates from a virtual sound source at a  center location
between the desired virtual speaker locations. [0039] Another aspect of
the invention is a method that includes accepting a pair of audio input
signals  for audio reproduction, shuffling the input signals to create a first
signal ("sum signal") proportional to  the sum of the input signals and a
second signal ("difference signal") proportional to the difference of the
input signals, filtering the sum signal through a filter that approximates
twice a center IIRTF for a  listener listening to a virtual sound source at a
center location, filtering the difference signal through a  filter that
approximates the difference between a near ear HRTF and a far ear
HRTF for the listener  listening to a pair of virtual speakers, and
unshuffling the filtered sum signal and the filtered difference  signal to
create a first output signal proportional to the sum of the filtered sum and
filtered difference  signals and a second output signal proportional to the
difference of the filtered sum and filtered  difference signals. The method
is such that in the case that the pair of audio input signals includes a
panned signal component. the listener listening to the first and second
output signals through  headphones is provided with the sensation that the
panned signal component emanates from the virtual  sound source at the
center location. [00401 In one embodiment, the filter that approximates
twice the center IIRTF is obtained as the sum of  equalized versions of the
near ear II RTF and the far ear HRTF, respectively, obtained by filtering
the near  



ear 11RTF and the far ear HRTF, respectively, by an equalizing filter, and
wherein the filter that  approximates the difference between the near ear
HRTF and the far ear HRTF is a filter that has a  response substantially
equal to the difference between the equalized versions of the near ear
HRTF and  the far ear IIRTF. [0041] In one embodiment, the equalizing
filter is an inverse filter for a filter proportional to the sum of  the near ear
HRTF and the far ear HRTF. In a particular embodiment, the equalizing
filter response is  determined by inverting in the frequency domain a filter
response proportional to the sum of the near  ear HRTF and the far ear
HRTF. -8- [0042] In another particular embodiment, the equalizing filter
response is determined by an adaptive filter  method to invert a filter
response proportional to the sum of the near ear HRTF and the far ear
HRTF.  [0043] In one embodiment, the filter that approximates twice the
center HRTF is a filter that has a  response substantially equal to twice a
desired center HRTF. [00441 In an embodiment, the audio input signals
include a left input and a right input, the pair of virtual  speakers are at a
left virtual speaker location and a right virtual speaker location symmetric
about the  listener, and the listener and listening are symmetric such that
near HRTF is the left virtual speaker to left  ear HRTF and the right virtual
speaker to right ear HRTF, and such that far HRTF is the left virtual
speaker to right ear IIRTF and the ri ght virtual speaker to left ear HRTF.
[00451 In an exemplary embodiment of the method, the audio input
signals include a left input and a right  input, the pair of virtual speakers
are at a left virtual speaker location and a right virtual speaker location,
and the near HRTF is proportional to the average of the left virtual
speaker to left ear HRTF and the right  virtual speaker to right ear HRTF.
and wherein the far IIRTF is proportional to the average of the left  virtual
speaker to right ear HRTF and the ri ght virtual speaker to left car HRTF.
[00461 In another exemplary embodiment. the audio input signals include
a left input and a right input,  and the pair of virtual speakers are at a left
front virtual speaker location and a right front virtual speaker  location to
the front of the listener. 100471 Other aspects and embodiments will be
clear from the description, drawings, and claims.  BRIEF DESCRIPTION
OF'I'HL DRAWINGS 100481 FIG. 1 shows a common binaural playback
system that includes processing multiple channels of  audio by a plurality
of HRTF Filters to provide a listener with the impression that each of the
input audio  channels is being presented from a particular direction. While
a. binauralizer having the structure of FIG.  I may be prior art, a
binauralizer with filters selected according to one or more of the inventive
aspects  described herein is not prior art. 10049] FIG. 2 shows a stereo
binauralizer system that includes two audio inputs, a. left channel input
and a  



right channel input each processed through a air of IIRTF filters. While a
binauralizers having the structure  of FIG. 1 may be prior an, a
binauralizer with filters selected according to one or more of the inventive
aspects described herein is not prior art. 10050] FIG. 3 shows
diagrammatically an example of HI2TFs for three source angles for, a left
virtual  speaker, a right virtual speaker, and a center location. 100511
FIGS. 4A, 4B, 4C, and 4D illustrate some typical HRTF filters for use in a
binauralizer to place  virtual speakers at 0 = +45. FIG. 4A shows a 0
HRTF, FIG. 4B shows near ear HRTF, FIG. 4C a far  car HRTF, and FIG.
4D shows the average of the near and far ear HRTFs. .. 9- [0052] FIGS.
5A-5D show how equalization can be used to modify the near and far
HRTF filters  such that the sum more closely matches the desired 0
HRTF. FIG. SA shows the impulse response  of the equalization filter to
be applied to the near and far FIRTFs. FIGs. 5B and 5C respectively show
near ear and far ear I-IRTFs after equalization, and FIG. 5D shows the
resulting average of the 5 equalized near and far car HRTFs according to
aspects of the invention. [0053] FIG. 6 shows the frequency magnitude
response of an equalization filter designed according  to an aspect of the
present invention. [0054] FIGS. 7 shows a first embodiment of a
binauralizer using equalized HRTF filters determined  according to
aspects of the present invention. 10 [0055] FIG. 8 shows a second
embodiment of a binauralizer using equalized HRTF filters  determined
according to aspects of the present invention using a shuffler network (a
"shuffler").  [0056] FIG. 9 shows another shuffler embodiment of a
binauralizer using a sum signal filter that is  the desired center HRTF filter,
according to an aspect of the invention. [0057] FIG. 10 shows a crosstalk
cancelled binauralizing filter embodiment including a cascade of a  15
binauralizer to place virtual speakers at the desired locations, and a cross
talk canceller. The  binauralizer part incorporates aspects of the present
invention. [0058] FIG. 11 shows an alternate embodiment of a crosstalk
cancelled binauralizing filter that  includes four filters. [0059] FIG. 12
shows another alternate embodiment of a crosstalk cancelled
binauralizing filter that  20 includes a shuffler network, a sum signal filter,
and a difference filter network. [0060] FIG. 13 shows an DSP-device
based embodiment of an audio processing system for  processing a
stereo input pair according to aspects of the invention. [0061] FIG. 14A
shows a processing-system-based binauralizer embodiment that accepts
five  channels of audio information, and includes aspects of the present
invention to create the impression  25 to a listener that a rear center
panned signal emanates from the center rear of the listener. 



[0062] FIG. 14B shows a processing-system-based binauralizer
embodiment that accepts four  channels of audio information, and
includes aspects of the present invention to create the impression  to a
listener that a front center panned signal emanates from the center front of
the listener and that a  rear center panned signal emanated from the
center rear of the listener. 30 DETAILED DESCRIPTION [0063] One
aspect of the present invention is a binauralizer and binauralizing method
that, for the  case of a stereo pair of inputs, uses measured or assumed
HRTF pairs for two sources at a first source  angle and a second source
angle to binuaralize the stereo pair of inputs for more than two source
angles, e.g. to create the illusion that a signal that is panned between the
stereo pair of inputs is 35 emanating from a source at a third source angle
between the first and second source angles. -10- [0064] FIG. 3 shows an
example of HRTFs for three source angles, a first azimuth angle, denoted
B, for a left virtual speaker, an angle for a right virtual speaker, which in
FIG. 3 is -0 under the  assumption of symmetry, and a center virtual
speaker at an angle of 0 degrees, i.e., half way between  the left and right
virtual speakers. For the center virtual speaker, the HRTF pair is denoted
as the pair 5 HRTF(0,L) and HRTF(0,R) respectively. The left virtual
speaker HRTF pair is denoted as the pair  HR'I'F(B,L) and HRTF(B,R)
respectively, and the right virtual speaker 1-IRI'F pair is denoted as the
pair HRTF(-8,L) and HRTF(-OR) respectively. [0065] It is desired to
binauralize a stereo input so that the sound appears to come from virtual
speakers at azimuth angles 8. As discussed in the BACKGROUND
section, the inventor has found  10 that a center panned signal when
played back through a traditional binaural playback system such as that of
FIG. 2 for virtual speakers at azimuth angles 8.. usually provides a listener
with an imperfect  center image. That is, the binauralizer does not
approximate HRTF(0,L) and HRTF(0,R) well.  [0066] Referring to FIG. 2
and Eqs. 1-6, when an input denoted Monolnput is split between the left
and right channel inputs and processed by the stereo-binaural system of
FIG. 2, the stimulus at the 15 listener's left and right ears, LeftEar and
RightEar, respectively are, assuming symmetry:  HRTF. + HRTFf,, [0067]
LeftEar = RightEar = 2 (r) Monolnput (7)  [0068] It is desired that: [0069]
LeftEar = HRTF(0, L) (r) Monolnput (8)  Right Ear = HRTF(0, R) 0
Monolnput ' [0070] so that the listener has the illusion that the Monolnput
emanated from a center location.  20 Assume that the HRTF
measurements exhibit perfect symmetry. Thus, assume that
HRTF(,L)=IIRTF(0,R), and denote this quantity as HRTFar. It is therefore
desired that for the signal  



split into the left and right inputs, [0071] LeftEar = RightEar = HRTF~" (r)
Monolnput . (9)  [0072] Comparing Eqs. 7 and 9, to provide the listener
with the correct perception of the direction of  25 Monolnput, termed a
good "phantom center image," it is desired that: [0073] HRTFQO,2
HRTFf,, =HRTF,,,. (10)  [0074] According to a first embodiment of the
invention, an equalizing filter is applied to the inputs.  By restricting the
equalizing filter to be a linear time invariant filter, the filtering of such an
equalizing filter may be applied (a) to the left and right channel input
signals prior to binauralizing, 30 or (b) to the measured or assumed
HRTFs for the listener for the left and right virtual speaker -11- locations,
such that the average of the resulting near and far HRTFs approximates
the desired  phantom center HRTF. That is, HRTF" eR + HRTF' [0075] 2
HRTFc,r (11)  [0076] where HRTF'" ear and HRTFfar are the HRTF"ear
and HRTFfar filters that include equalization.  5 [0077] Denote by EQc the
equalizing filter response. e.g., impulse response. Applying this filter to the
left and right channel inputs prior to binauralizing is equivalent to
binauralizing with HRTF near  and HRTFfar filters determined from the 9
and -9HRTF pairs denoted HRTFnear and HRTRfar, and the  equalizing
filter as follows, assuming symmetry: HRTF''' - HRTFnwr (r)EQC (12)
[0078] HRTFfa, = HRTFfar 0 EQc 10 [0079] Combining with Eq. 11, leads
to the desired relationship: IIRTF"&,r (r) EQc + HRTFaa, 0 EQc _ HRTFa r
(13)  [0080] 2 [0081] In one embodiment, the equalizing filter is obtained
by an equalizing filter that is the  combination of the desired HRTF filter
and an inverse filter. In particular, Eq. 13 is satisfied by an  equalizing filter
given by: 16ar  15 [0082] EQc = HRTFfar 0 inverse (HRTF + HRTFfar (14)
- 2 [0083] where inverseQ denoted the operation of inverse filtering, such
that, ifXand Y are filters  specified in the time domain, e.g., as impulse
responses, Y=inverse(X) implies Y(r) Xis a delta  function, where 0 is
convolution. [0084] Many methods are known in the art for constructing an
inverse filter. Inverse filtering is also  



20 known in the art as deconvolution. In a first implementation, where X
and Y are for FIR filters  specified by a finite length vector representing the
impulse response, one forms a Toeplitz matrix  based on Y, denoted
Toeplitz(Y), The vector X is a finite length vector chosen so that
Toeplitz(Y) 0 Toeplitz(X) is close to a delta function. That is, Toeplitz(Y)
Toeplitz(X) is close to an  identity matrix, with error being minimized in a
least squares sense. In one implementation, one uses  25 iterative
method to determine such inverse. [0085] The present invention is not
restricted to any particular method of determining the inverse  filter. One
alternate method structures the inverse filtering problem as an adaptive
filter design  problem. A FIR filter of impulse response X, length niI is
followed by a FIR filter of impulse  response Yof length m2. A reference
output of delaying an input is subtracted from the output of the _12_
cascaded filters Xand Yto produce an error signal. The coefficients of Y
are adaptively changed to  minimize the mean squared error signal. This
is a standard adaptive filter problem, solved by  standard methods such as
the least mean squared (LMS) method, or a variation called the
normalized  LMS method. See for example, S. Haykim, "Adaptive Filter
Theory," 3rd Ed., Englewood Cliffs, NJ: 5 Prentice Hall, 1996. Other
inverse filtering determining methods also may be used. [0086] Yet
another embodiment of the inverse filter is determined in the frequency
domain. The  inventor produces a library of HRTF filters for use with
binauralizers. These predetermined HRTF  filters are known to behave
smoothly in the frequency domain, such that their frequency responses
are known to be invertible to produce a filter whose frequency response is
the inverse of that of the  HRTF"aa, a- HRTF]"r 10 I- RTF filter. The
method of creating an inverse filter is to invert for such  2  HRTF filters are
known to be well behaved. IIRTF,~a, + ITRTFf,, [0087] In yet another
embodiment, the filter 2 is inverted in the frequency  domain as follows:
[0088] Transform the impulse response to the frequency domain. 15
[0089] Apply a smoothing to the amplitude response, e.g., in a logarithmic
frequency domain scale,  e.g., on 1/3 octave resolution. The smoothing is
to force the smoothed amplitude response to be well  behaved, and thus
to be invertible. [0090] Invert the smoothed amplitude response. [0091]
Add phase response to the inverted smoothed amplitude filter such that
the resulting filter is  20 a minimum phase filter. The original phase of the
filter prior to inversion is not used. 



[0092] Thus, a first embodiment includes using an equalization filter
denoted EQc, that in one  embodiment is computed as: 1  (0093] E, QC =
HRTFa" (r)inverse C HRTF,,,,, + IIRTF"a", 2 ) [0094] to modify the
HRTF,,.. and HRTFfa, to create equalized HRTF filters HRTF "e", and
HRTF fe,  25 are now no longer equal to HRTF(B,L) and HRTF(B,R), i.e.,
HRTF"Ca, and HRTFfa, as would be ideal.  Instead, the left and right
channel audio input signals now have an overall equalization applied to
them. [0095] In general, this equalization has been found to not cause
undue deterioration of the overall  process, in that listeners do not
perceive the left and right virtual speaker sounds to be bad. 30 100961
The resulting equalized HRTF pair, HRTF'neor and HRTFfa, satisfy the
following criteria: _13_  1. The response of the system, when the input
signal is panned fully to the left or right is  equivalent to the desired HRTF
response for the selected sound source locations denoted 0 and -B"  but
with a relatively benign overall equalization, EQc, applied. 2. The
response of the system, when the input signal is center panned, is very
close to the  5 HRTF response for a 0 source. [0097] FIGS. 4A, 413, 4C,
and 4D illustrate some typical HRTF filters for use in a binauralizer to
place virtual speakers at 0 =45. FIG. 4A shows the measured 0 HRTF,
which is the desired center  filter denoted IIRTFcenter., FIG. 4B shows the
measured 45 near ear I-IRTF, HRTFrrear. used in the  binauralizer. FIG.
4C shows the measured 45 far ear HRTF, HRTFfal, used in the
binauralizer, and 10 FIG. 4D shows the average of the near and far ear 45
HRTFs. It can be seen the sum of the near and  far I-IRTFs does not
match the desired 0 HRTF. [0098] FIGS. 5A-5D show how equalization
can be used to modify the near and far HRTF filters  such that the sum
more closely matches the desired 0 I-1RTF. FIG. 5A shows the impulse
response  of the equalization filter EQc to be applied to HRTF72e(J. and
IIRTFfar. FIG. 5B shows the 45 near 15 ear HRTF after equalization, that
is, HRTF'near.. FIG. 5C shows the 45 far ear HRTF after  equalization,
that is, HRTF'ytear, and FIG. 5D shows the resulting average of the
equalized near  IIRTF and equalized far HRTFs. Comparing FIG. 5D with
FIG. 4A, it can be seen that the average of  the equalized near and far
HRTFs closely matches the measured 0 HRTF. [0099] FIG. 6 shows the
frequency magnitude response of the equalization filter EQc. 20 Once one
determines the filter coefficients for FIR filters HRTF'",a, and HRTFfa"
FIGS. 7 and 8  show two alternate implementations of binauralizers using
such determined equalized HRTF filters.  



FIG. 7 shows a first implementation 40 in which four filters: two near filters
41 and 44 of impulse  responses HRTF,,,, and two far filters 42 and 43 of
impulse responses HRTFra, are used to create  signals to be added by
adders 45 and 46 to produce the left ear signal and right car signal. 25
[0100] FIG. 8 shows a second implementation 50 that uses the shuffler
structure first proposed by  Cooper and Bauck. Sec for example, U.S.
Patent 4,893,342 to Cooper and Bauck titled HEAD  DIFFRACTION
COMPENSATED STEREO SYSTEM. A shuffler that includes an adder 51
and a  subtractor 52 produces a first signal which is a sum of the left and
right audio input signals, and a  second signal which is the difference of
the left and right audio signals. In the shuffler 30 implementation 50, only
two filters are required, a sum filter 53 having an impulse response
HRTFnea,+ HRTF fa, for the first shuffled signal: the sum signal, and a
difference filter 54 having an  impulse response HRTF,,,,,- HRTF''a, for the
second shuffled signal: the difference signal. The  resulting signals are
now unshuffled in an unshuffler network (an "unshuffler") that reverses the
operation of a shuffler, and includes an adder 55 to produce the left ear
signal, and a subtractor 56 to 14  produce the right ear signal. Scaling
maybe included, e .g., as divide by two attenuators 57 and 58 in  each
path, or a series of attenuators split at different parts of the circuit. [0101]
Note in FIG. 8 that the sum filter 53 has an impulse response that by
equalizing the near and  far HRTFs is approximately equal to the desired
center HRTF filter response, 2*HRTFcenter This 5 makes sense, since
the sum filter followed by the unshufller network 55, 56 and attenuators
57, 58 is  basically an HRTF filter pair for a center panned signal. [0102] In
an alternate method, rather than pre-equalize the near and far HRTFs, a
shuffler structure  similar to FIG. 8 is used, but with the sum filter replaced
by double the desired center HRTF filter.  [0103] Such an implementation
is shown in FIG. 9 and corresponds to: 10 Processing the first signal from
the shuffler, i.e., the sum signal proportional to the sum of  the left and
right channel inputs, using a filter that forms a localized center virtual
speaker image for  a center panned signal component.  Processing the
second signal from the shuffler, i.e., the difference signal proportional to
the  sum of the left and right channel inputs, so that the left and right
inputs are approximately processed  15 so as to localize at a desired left
and a desired right virtual speaker locations. [0104] The embodiment of
FIG. 9 achieves this by using a shuffler network that includes the adder
51 and subtractor 52 to produce the center and difference signals. While
the embodiment of FIG. 9  uses Left and Right equalized HRTFs, then
converts them into the sum and difference of the  equalized HRTFs, the
embodiment of FIG. 9 replaces the sum filter with a sum filter 59 that has
20 twice the desired center HRTF response, and uses for the difference
filter 60 a response equal to the  



unequalized difference filter. This method provides the desired
high-quality center HRTF image, at  the expense of some localization
error in the Left and Right signals. [0105] Therefore, presented have been
a first and a second set of embodiments as follows: 1. Starting with the
near and far virtual speaker HRTF's, apply equalization filtering to these
25 near and far virtual speaker HRTF's, so as to force the sum of the near
and far HRTF's to  approximate twice the desired center HRTF. This
provides a listener with the desired high-quality  center HRTF image, at
the expense of some equalization variation in the perceived left and right
signals. Such equalization error has been found to not be unpleasing. 2.
Starting with the near and far virtual speaker HRTF's, and the desired
center HRTF, 30 determine the difference filter as the difference of the
near and far HRTF filters, Construct a sum  signal and difference signal,
e.g., using a shuffler network. Apply the desired center HRTF filter to  the
sum signal, and apply a filter with a response proportional to the
difference of the near and far  speaker HRTF filters to the difference
signal. Unshuffe the resulting two filtered signals and apply to  the left and
right ears, e.g., via headphones. This provides a listener with the desired
high-quality 35 center image, at the expense of some localization error in
the left and right virtual speaker signals. -15- A third set of embodiments
combines the two versions I. and 2. as follows: 3. Use the method
numbered 1 above to produce sum and difference filters based on
equalized  near and far HRTFs. Average the sum of the equalized filter
responses with the desired center I3RTF  to produce an averaged sum
signal filter. Average the difference of the equalized filter responses with 5
the difference of the un-equalized HRTF filters to produce an averaged
difference signal filter.  Construct a sum signal and difference signal, e.g.,
using a shuffler network. Apply the desired  average sum filter to the sum
signal, and apply the averaged difference signal filter to the difference
signal. Unshuffle the resulting two filtered signals and apply to the left and
right ears, e.g., via  headphones, This provides a listener with the desired
high-quality center HRTF image, at the expense 10 of some EQ variation
and some localization error in the Left and Right signals. [01061 Other
alternate embodiments are possible to provide a compromise between the
quality of  the center image and the quality of the left and right images. In
a first such embodiment, the  equalization filter, e.g., that of FIG. 6 for the
virtual speakers at 145, is modified, so as to be only  partially effective,
resulting in a set of ITRTFs that have a slightly less clear center image
than the 15 HRTFs described in the first above-described set of
embodiments, but with the advantage that the left  and right signals are
not colored as much as would occur with the equalized HRTF filters
described  in the first above-described set of embodiments. [01071 As a
more specific example, an equalizer is produced by halving (on a dB
scale) the  



equalization curve of FIG. 6 so that, at each frequency, the effect of the
filter is halved, and likewise,  20 the equalization filter's phase response
(not shown) is halved, while maintaining the well-behaved phase
response, e.g., maintaining a minimum phase filter. The resulting filter is
such that a pair of  such equalization filters cascaded provide the same
response as the filter shown in FIG. 6. This  equalization filter is used to
equalize the desired, e.g., measured IIRTF filters for the desired speaker
locations. When the resulting signals are played back to a listener, the
inventor found that the 25 resulting near and far equalized HRTF filters
exhibit a partly improved center image, but suffer only  less equalization
error in the left and right images. Larger speaker angles [01081 While the
description above shows the technique used for placing virtual L and R
speakers in  front of the listener, e.g,,130 degrees, or 45 degrees, the
method and apparatus described herein 30 works also for larger virtual
speaker angles, even up to 190 degrees. With reproduction using actual
loudspeakers, placing the loudspeakers close to 90 degrees to the
listener, e.g., directly to the left  and right of the listener does not correctly
localize a center signal created by panning, e.g., center  panning created
by equally dividing a mono signal between the left and right speakers in
such a case  does not properly create a phantom center image for stereo
speaker playback. In the case of playback 35 through actual speakers,
such center panning is known to correctly create the location of the center
-16- for a listener, i.e., to create a phantom center image for stereo
speaker playback, only when the stereo  speakers are placed
symmetrically in front of the listener at no more than about 145 degrees to
the  listener. Aspects of the present invention provide for playback though
headphones with front-center  image location the virtual left/right speakers
are up to +1-90 degrees to the listener. 5 Playback through speakers
[0109] The methods and apparatuses described above using HRTF filters
are not only applicable for  binaural headphone playback, but may be
applied to stereo speaker playback. Techniques for creating  the effect of
sound localization via speakers, i.e., techniques for creating phantom
sound source  images via speaker playback are well known in the art, and
are commonly referred to as "cross-talk 10 cancelled binaural" techniques
and "transaural" filters. See, for example, U.S. patent 3,236,949 to  Atal
and Schroeder titled APPARENT SOUND SOURCE TRANSLATOR.
Crosstalk refers to the  crosstalk between the left and right ear of a
listener during listening, e.g., crosstalk between the  output of a speaker
and the ear furthest from the speaker. For example, for a stereo pair of
speakers  placed in front of a listener, crosstalk refers to the left ear
hearing sound from the right speaker, and 15 also to the right ear hearing
sound from the left speaker. Because normal sound cues are disturbed by
crosstalk, crosstalk is known to significantly blur localization. Crosstalk
cancellation reverses the  



effect of crosstalk. [01101 For a mono input, a typical cross-talk-cancelled
filter includes two filters that process the  mono input signal to two
speakers, usually placed in front of the listener like a regular stereo pair,
20 with the signals at the speakers intended to provide a stimulus at the
listener's ears that corresponds to  a binaural response attributable to a
sound arrival from a virtual sound location. [0111] As an example,
consider two actual speakers that are located at 130 angles in front of a
listener, and suppose it is desired to provide the listener with the illusion of
a sound source at +60.  Cross-talk cancelled binauralization achieves this
by both "undoing" the 130 degree I4RTFs that are  25 imparted by the
physical speaker setup, and binauralizing using 60 degree HRTF filters.
[0112] Whilst these cross-talk-cancelling techniques can be applied to
create almost any virtual  source angle in front of the listener (virtual
source locations behind the listener are very difficult to  attain), the 0
degree front image is still typically created by the more common method
of splitting an  input between the two speakers, called center panning,
rather than by using HRTFs, so that the mono 30 input to be centrally
located by a listener is fed to the left and right speakers with around 3 to
6dB of  attenuation. [01131 Suppose it is desired to process a stereo input
signal pair for playback over speakers that are  located at some angles,
e.g., at }30 in front of a listener, and suppose it is desired to provide the
listener with the illusion of listening to a pair of speakers located
elsewhere, e.g., at 160 angles in 35 front of the listener. One prior art
method of achieving this is to create a crosstalk cancelled -17-
binauralizer. FIG. 10 shows such a crosstalk cancelled binauralizing filter
implemented as a cascade  of a binauralizer to place virtual speakers at
the desired locations, e.g., at 60. The binauralizer  includes in the
symmetric case (or forced symmetric case, e.g., per Eq. 3) the two near
HRTF filters  61, 62 whose impulse response is denoted IIRTFnrear and
the far HRTF filters 63, 64 whose impulse 5 response is denoted HRTFfar
The outputs of each near and far filter are added by adders 65, 66 to  form
the left and right binauralized signals. The binauralizer is followed by a
cross-talk canceller to  cancel the cross talk created at the actual speaker
locations, e.g., at 30 angles. The cross talk  canceller accepts the signals
from the binauralizer and includes in the symmetric case or forced
symmetric case the near crosstalk cancelling filters 67, 68 whose impulse
response is denoted Xnear 10 and the far crosstalk-cancelling filters 69,
70 whose impulse response is denoted X far, followed by  summers 71
and 72 to cancel the cross talk created at the 30 angles. The outputs are
for a left  speaker 73 and a right speaker 74. [0114] Because each of the
near and far binauralizer and crosstalk cancelling filters is a linear time-
invariant system, the cascade of the binauralizer may be represented as a
two-input, two output 



15 system. FIG. 11 shows an implementation of such a crosstalk
cancelled binauralizer as four filters 75,  76, 77, and 78, and two summers
79 and 80. The four filters in the symmetric (or forced symmetric)  case,
have two different impulse responses: a near impulse response denoted
Gnear for filters 75 and  76, and a far impulse response, denoted Gfar for
filters 77 and 78, wherein each of the Gnear and  Gfar are functions of the
HRTF filters HRTFnear and HRTFfar and the crosstalk cancelling filters
20 Xnear and X far. [0115] As is well known, the two-input, two-output
symmetric structure shown in FIG. I I can also  be implemented in a
structure shown in FIG. 12. FIG. 12 shows a crosstalk cancelled
binauralizer  including a shuffling network 90 that has an adder 81 to
produce a sum signal and a subtractor 82 to  produce a difference signal,
a sum signal filter 83 to filter the sum signal, such a sum signal filter 25
having an impulse response proportional to Gnew + Gfar, a difference
filter 84 to filter the difference  signal, the difference signal filter having an
impulse response proportional to Gnear - 0far, followed  by an un-shuffling
network 91 that also includes a summer 85 to produce the left speaker
signal for a  left speaker 73 and a subtractor to produce a right speaker
signal for a right speaker 74. [0116] Thus, a crosstalk cancelled
binauralizing filter is implemented by a structure shown in  30 FIG. 12,
which is similar to the structures shown in FIG. 8 and FIG.9. [0117] In one
embodiment, the sum filter is designed to accurately reproduce a source
located at the  center, e.g., at 0. Rather than calculate what such a filter is,
one embodiment uses a delta function  for such a filter, using the
knowledge that a listener listening to an equal amount of a mono signal on
a left and a right speaker accurately localizes such a signal as coming
from the center. In an alternate -18- embodiment, the cross-talk-cancelled
filters are equalized to force the sum filter to be approximately  the identity
filter, e.g., a filter whose impulse response is a delta function. In an
alternate  embodiment, the sum filter is replaced by a flat (delta function
impulse response) filter. [0118] Whereas the binaural applications of the
invention are intended to correct 'localization'  5 perception errors, the
cross-talk-cancelled application of this invention generally corrects for a
commonly perceived equalization errors that occur in the center image.
Rear virtual speakers [0119] Another aspect of the invention is correctly
simulating a rear center sound source, by  binauralizing to simulate
speakers at angles 90 degrees or more, e.g., having two rear virtual 10
speaker locations, further locating a phantom center being localized at the
180 degree (rear-center)  position, as if a speaker was located at the rear
center position. [0120] In a specific example, consider a binauralizer that
produces the effect of a traditional five  speaker home theatre. The left
and right surround locations of such a "virtual" five-speaker  



arrangement can be simulated with the added advantage that a clear
rear-center image is created. This 15 allows systems that have a rear
center speaker, such as Dolby Digital EXtm (Dolby Laboratories,  Inc.,
San Francisco, CA) to be simulated. [0121] A first rear signal embodiment.
includes equalizing the rear near and rear far IIRTF filters  such that the
sum of the equalized rear near and rear far filters approximates the
desired rear center  IHRTF filter. Processing left rear and right rear signals
e.g., the surround sound inputs via a 20 binauralizer, using the first rear
signal embodiment of pre-equalizing, leads to a headphone  perceiving a
rear center panned source to appear from the center rear, but the two
surround images  (rear left and rear right) will sound with some tolerable
equalization error. Alternately, by using a  binauralizer that uses a shuffler
plus a sum signal HRTF filters that approximate a desired center rear
IIRTF creates playback signals that when reproduced through
headphones appear to correctly coin 25 from the center, but with the left
and right rear signals appearing to come from left and right rear  virtual
speakers that are slightly off the desired locations. [0122] Another
embodiment includes combining front and rear processing to process both
rear  signals and front signals. Note that surround sound, e.g., four
channel sound, is able to process the  front left and right signals, and also
the rear left and right signals to correctly reproduce a virtual  30 center
front sound and a virtual center rear sound. [0123] Note that it will be
understood by those skilled in the art that the above filter  implementations
do not include audio amplifiers, and other similar components. Further, the
above  implementations are for digital filtering. Therefore, for analog
inputs, analog to digital converters  will be understood by those in the art
to be included. Further, digital-to-analog converters will be -19-
understood to be used to convert the digital signal outputs to analog
outputs for playback through  headphones, or in the transaural filtering
case, through loudspeakers. [0124] Furthermore, those in the art will
understand that the digital filters may be implemented by  many methods.
5 [0125] FIG. 13 shows a form of implementation of an audio processing
system for processing a  stereo input pair according to aspects of the
invention. The audio processing system includes: a  analog-to-digital (A/D)
converter 97 for converting analog inputs to corresponding digital signals,
and a digital to analog (D/A) converter 98 to convert the processed signals
to analog output signals.  In an alternate embodiment, the block 97
includes a SPDIF interface provided for digital input 10 signals rather than
the A/D converter. The system includes a DSP device capable of
processing the  input to generate the output sufficiently fast. In one
embodiment, the DSP device includes interface  circuitry in the form of
serial ports 96 for communicating with the A/D and D/A converters 97,98  



without processor overhead, and, in one embodiment, an off-device
memory 92 and a DMA engine  that can copy data from the off-chip
memory to an on-chip memory 95 without interfering with the 15 operation
of the input/output processing. The code for implementing the aspects of
the invention  described herein may be in the off-chip memory and be
loaded to the on-chip memory as required.  The DSP device includes a
program memory 94 including code that cause the processor 93 of the
DSP device to implement the filtering described herein. An external bus
multiplexor is included for  the case that external memory is required. 20
[0126] Similarly, FIG. 14A shows a binauralizing system that accepts five
channels of audio  information in the form of a left, center and right signals
aimed at playback through front speakers,  an d a left surround and right
surround signals aimed at playback via rear speakers. The binauralizer
implements FIRTF filter pairs for each input, including, for the left surround
and right surround  signals, aspects of the invention so that a listener
listening through headphones experiences a signal 25 that is center rear
panned to be coming from the center rear of the listener. The binauralizer
is  implemented using a processing system, e.g., a DSP device that
includes a processor. A memory in  included for holding the instructions,
including any parameters that cause the processor to execute  filtering as
described hereinabove. [0127] Similarly, FIG. 14B shows a binauralizing
system that accepts four channels of audio 30 information in the form of a
left and right from signals aimed at playback through front speakers, and
a left rear and right rear signals aimed at playback via rear speakers. The
binauralizer implements  HRTF filter pairs for each input, including for left
and right signals, and for the left rear and right  rear signals, aspects of
the invention so that a listener listening through headphones experiences
a  signal that is center front panned to be coming from the center front of
the listener, and a signal that  35 is center rear panned to be coming from
the center rear of the listener. The binauralizer is implemented using a
processing system, e.g., a DSP device that includes a processor. A
memory in -20- included for holding the instructions, including any
parameters that cause the processor to execute  filtering as described
hereinabove. [0128] Therefore, the methodologies described herein are, in
one embodiment, performable by a  machine that includes one or more
processors that accept code segments containing instructions. For  5 any
of the methods described herein, when the instructions are executed by
the machine, the machine performs the method, Any machine capable of
executing a set of instructions (sequential or  otherwise) that specify
actions to be taken by that machine are included. Thus, one typical
machine  may be exemplified by a typical processing system that includes
one or more processors. Each  processor may include one or more of a
CPU, a graphics processing unit, and a programmable DSP 



10 unit. The processing system further may include a memory subsystem
including main RAM and/or a  static RAM, and/or ROM. A bus subsystem
may be included for communicating between the  components. If the
processing system requires a display, such a display may be included,
e.g., a  liquid crystal display (LCD) or a cathode ray tube (CRT) display. If
manual data entry is required,  the processing system also includes an
input device such as one or more of an alphanumeric input 15 unit such
as a keyboard, a pointing control device such as a mouse, and so forth.
The term memory  unit as used herein also encompasses a storage
system such as a disk drive unit. The processing  system in some
configurations may include a sound output device, and a network interface
device.  The memory subsystem thus includes a carrier medium that
carries machine readable code segments  (e.g., software) including
instructions for performing, when executed by the processing system, one
20 of more of the methods described herein. The software may reside in
the hard disk, or may also  reside, completely or at least partially, within
the RAM and/or within the processor during execution  thereof by the
computer system. Thus, the memory and the processor also constitute a
carrier  medium carrying machine readable code. [0129] In alternative
embodiments, the machine operates as a standalone device or may be 25
connected, e.g., networked to other machines, in a networked
deployment, the machine may operate  in the capacity of a server or a
client machine in a server-client network environment, or as a peer
machine in a peer-to-peer or distributed network environment. The
machine may be a personal  computer (PC), a tablet PC, a set-top box
(STB), a Personal Digital Assistant (PDA), a cellular  telephone, a web
appliance, a network router, switch or bridge, or any machine capable of
executing 30 a set of instructions (sequential or otherwise) that specify
actions to be taken by that machine.  [0130] Note that while some
diagram(s) only show(s) a single processor and a single memory that
carries the code, those in the art will understand that many of the
components described above are  included, but not explicitly shown or
described in order not to obscure the inventive aspect. For  example,
while only a single machine is illustrated, the term "machine" shall also be
taken to include 35 any collection of machines that individually or jointly
execute a set (or multiple sets) of instructions  to perform any one or more
of the methodologies discussed herein. [01311 Thus, one embodiment of
each of the methods described herein is in the form of a computer
program that executes on a processing system, e.g., a one or more
processors that are part of  binauralizing system, or in another
embodiment, a transaural system. Thus, as will be appreciated by  those
skilled in the art, embodiments of the present invention may be embodied
as a method, an 5 apparatus such as a special purpose apparatus, an
apparatus such as a data processing system, or a  carrier medium, e.g., a
computer program product. The carrier medium carries one or more
computer  readable code segments for controlling a processing system to
implement a method. Accordingly,  



aspects of the present invention may take the form of a method, an
entirely hardware embodiment, an  entirely software embodiment or an
embodiment combining software and hardware aspects. 10 Furthermore,
the present invention may take the form of carrier medium (e.g., a
computer program  product on a computer-readable storage medium)
carrying computer-readable program code  segments embodied in the
medium. [01321 The software may further be transmitted or received over
a network via the network interface  device. While the carrier medium is
shown in an exemplary embodiment to be a single medium, the  15 term
"carrier medium" should be taken to include a single medium or multiple
media (e.g., a centralized or distributed database, and/or associated
caches and servers) that store the one or more  sets of instructions. The
term " carrier medium" shall also be taken to include any medium that is
capable of storing, encoding or carrying a set of instructions for execution
by the machine and that  cause the machine to perform any one or more
of the methodologies of the present invention. A 20 carrier medium may
take many forms, including but not limited to, non-volatile media, volatile
media, and transmission media. Non-volatile media includes, for example,
optical, magnetic disks,  and magneto-optical disks. Volatile media
includes dynamic memory, such as main memory.  Transmission media
includes coaxial cables, copper wire and fiber optics, including the wires
that  comprise a bus subsystem. Transmission media may also take the
form of acoustic or light waves, 25 such as those generated during radio
wave and infrared data communications. For example, the term  " carrier
medium" shall accordingly be taken to include, but not be limited to,
solid-state memories,  optical and magnetic media, and carrier wave
signals. [0133] Other embodiments of the invention are in the form of a
carrier medium carrying computer  readable data for filters to process a
pair of stereo inputs. The data may be in the form of the impulse  30
responses of the filters, or of the frequency domain transfer functions of
the filters. The filters include two HRTF filters designed as described
above. In the case that the processing is for headphone  listening, the
HRTF filters are used to filter the input data in a binauralizer, and in the
case of speaker  listening, the HRTF filters are incorporated in a crosstalk
cancelled binauralizer. [0134] It will be understood that the steps of
methods discussed are performed in one embodiment  35 by an
appropriate processor (or processors) of a processing (i.e., computer)
system executing _22_  instructions (code segments) stored in storage. It
will also be understood that the invention is not  limited to any particular
implementation or programming technique and that the invention may be
implemented using any appropriate techniques for implementing the
functionality described herein.  The invention is not limited to any
particular programming language or operating system. 5 [0135] Reference
throughout this specification to "one embodiment" or "an embodiment"
means  



that a particular feature, structure or characteristic described in connection
with the embodiment is  included in at least one embodiment of the
present invention. Thus, appearances of the phrases "in  one
embodiment" or "in an embodiment" in various places throughout this
specification are not  necessarily all referring to the same embodiment.
Furthermore, the particular features, structures or 10 characteristics may
be combined in any suitable manner, as would be apparent to one of
ordinary  skill in the art from this disclosure, in one or more embodiments.
[0136] Similarly, it should be appreciated that in the above description of
exemplary embodiments  of the invention, various features of the
invention are sometimes grouped together in a single  embodiment, figure,
or description thereof for the purpose of streamlining the disclosure and
aiding 15 in the understanding of one or more of the various inventive
aspects. This method of disclosure,  however, is not to be interpreted as
reflecting an intention that the claimed invention requires more  features
than are expressly recited in each claim. Rather, as the following claims
reflect, inventive  aspects lie in less than all features of a single foregoing
disclosed embodiment. Thus, the claims  following the Detailed
Description are hereby expressly incorporated into this Detailed
Description, 20 with each claim standing on its own as a separate
embodiment of this invention. Furthermore, while  some embodiments
described herein include some but not other features, combinations of
features of  different embodiments are meant to be within the scope of the
invention, and form different  embodiments, as claimed herein below.
[0137] Furthermore, some of the embodiments are described as herein as
a method or combination  25 of elements of a method that can be
implemented by a processor of a computer system. Thus, a  processor
with the necessary instructions for carrying out such a method or element
of a method  forms a means for carrying out the method or element of a
method. Similarly, an element described  herein of an apparatus
embodiment described herein is an example of a means for carrying out
the  function performed by the element for the purpose of carrying out the
invention. 30 [01381 In the description and claims herein, by equality and
by substantially equality are included  the case of equality to within a
constant of proportionality. [0139] All publications, patents, and patent
applications cited herein are hereby incorporated by  reference. [0140]
Thus, while there has been described what is believed to be the preferred
embodiments of the  35 invention, those skilled in the art will recognize
that other and further modifications may be made -23- thereto without
departing from the spirit of the invention, and it is intended to claim all
such changes  and modifications as fall within the scope of the invention.
For example, any formulas given above  are merely representative of
procedures that may be used. Functionality may be added or deleted  



from the block diagrams and operations may be interchanged among
functional blocks. Steps may be 5 added or deleted to methods described
within the scope of the present invention. -24- THE CLAIMS DEFINING
THE INVENTION ARE AS FOLLOWS:- 1. A method comprising:
accepting a pair of audio input signals for audio reproduction; shuffling the
input signals to create a first signal ("sum signal") proportional to the 5
sum of the input signals and a second signal ("difference signal")
proportional to the difference of the  input signals; filtering the sum signal
through a filter that approximates twice a center HRTF for a  listener
listening to a virtual sound source at a center location; filtering the
difference signal through a filter that approximates the difference 10
between a near ear HRTF and a far ear HRTF for the listener listening to
a pair of virtual speakers;  and unshuffling the filtered sum signal and the
filtered difference signal to create a first  output signal proportional to the
sum of the filtered sum and filtered difference signals and a second
output signal proportional to the difference of the filtered sum and filtered
difference signals, 15 such that in the case that the pair of audio input
signals includes a panned signal  component, the listener listening to the
first and second output signals through headphones is  provided with the
sensation that the panned signal component emanates from the virtual
sound source  at the center location. 2. A method as recited in claim 1,
wherein the filter that approximates twice the center  20 HRTF is obtained
as the sum of equalized versions of the near ear HRTF and the far ear
HRTF,  respectively, obtained by filtering the near ear HRTF and the far
ear HRTF, respectively, by an  equalizing filter, and wherein the filter that
approximates the difference between the near ear HRTF  and the far ear
HRTF is a filter that has a response substantially equal to the difference
between the  equalized versions of the near ear HRTF and the far ear
HRTF. 25 3. A method as recited in claim 2, wherein the equalizing filter is
an inverse filter for a  filter proportional to the sum of the near ear HRTF
and the far ear HRTF. 4. A method as recited in claim 3, wherein the
equalizing filter response is determined  by inverting in the frequency
domain a filter response proportional to the sum of the near ear HRTF
and the far ear HRTF. -25.  5, A method as recited in claim 3, wherein the
equalizing filter response is determined  



by an adaptive filter method to invert a filter response proportional to the
sum of the near ear FHRTF  and the far ear 1{RTF. 6. A method as
recited in claim 1, wherein the filter that approximates twice the center  5
HRTF is a filter that has a response substantially equal to twice a desired
center 11RTF. 7. A method as recited in claim 1, wherein the audio input
signals include a left input  and a right input, wherein the pair of virtual
speakers are at a left virtual speaker location and a right  virtual speaker
location symmetric about the listener, and wherein the listener and
listening are  symmetric such that near HRTF is the left virtual speaker to
left ear HRTF and the right virtual 10 speaker to right ear HRTF, and such
that far ITRTF is the left virtual speaker to right ear I{RTF and  the right
virtual speaker to left ear,HRTF. 8. A method as recited in claim 1,
wherein the audio input signals include a left input  and a right input,
wherein the pair of virtual speakers are at a left virtual speaker location
and a right  virtual speaker location, and wherein the near HRTF is
proportional to the average of the left virtual 15 speaker to left ear HRTF
and the right virtual speaker to right ear HRTF, and wherein the far HRTF
is proportional to the average of the left virtual speaker to right ear HRTI;'
and the right virtual  speaker to left ear HRTF, 9. A method as recited in
claim 1, wherein the audio input signals include a left input  and a right
input, wherein the pair of virtual speakers are at a left front virtual speaker
location and a  20 right front virtual speaker location to the front of the
listener. 10. A method as recited in claim 9, wherein the left front and right
front virtual speaker  locations are it azimuth angles of magnitude between
45 and 90 degrees to the listener. 11. A method as recited in claim 1,
wherein the audio input signals include a left input  and a right input,
wherein the pair of virtual speakers are at a left rear virtual speaker
location and a  25 right rear virtual speaker location to the rear of the
listener. 12. A method as recited in claim 1, wherein the audio input
signals are a subset of a set  of more than two input signals for surround
sound playback, and wherein the method includes  processing the set of
more than two input signals for listening through headphones, including
creating virtual speaker locations for each of the input signals. 30 13. An
apparatus comprising: _26_  means for shuffling a pair of audio input
signals, the means for shuffling creating a first signal ("sum signal")
proportional to the sum of the input signals and a second signal
("difference signal") proportional to the difference of the input signals;
means for filtering the sum signal through a filter that approximates twice
a center 



5 HRTF for a listener listening to a virtual sound source at.a center
location, the means for filtering the  sum signal coupled to the means for
shuffling; means for filtering the difference signal through a filter that
approximates the  difference between a near ear HRTF and a flit car
HRTF for the listener listening to a pair of virtual  speakers, the means for
filtering the difference signal coupled to the means for shuffling; and 10
means for unshuffling the filtered sum signal and the filtered difference
signal, the  means for unshuffling coupled to the means for shuffling, the
means for unshuffling creating a first  output signal proportional to the sum
of the filtered sum and filtered difference signals and a second  output
signal proportional to the difference of the filtered sum and filtered
difference signals, such that in the case that the pair of audio input signals
includes a panned signal  15 component, the listener listening to the first
and second output signals through headphones is  provided with the
sensation that the panned signal component emanates from the virtual
sound source  at the center location 14. An apparatus as recited in claim
13, wherein the filter that approximates twice the  center HRTF is obtained
as the sum of equalized versions of the near ear 14RTF and the for ear 20
HRTF, respectively, obtained by filtering the near ear HRTF and the far
ear HRTF, respectively, by  an equalizing filter, and wherein the filter that
approximates the difference between the near ear  HItTF and the far ear
HRTF is a filter that has a response substantially equal to the difference
between the equalized versions of the near ear HRTF and the far ear
HRTF. 15. An apparatus as recited in claim 14, wherein the equalizing
filter is an inverse filter  25 for a filter proportional to the sum of the near
ear HRTF and the far ear HRTF. 16. An apparatus as recited in claim 15,
wherein the equalizing filter response is  determined by inverting in the
frequency domain a filter response proportional to the sum of the near  car
HRTF and the far ear kiRTF. 17. An apparatus as recited in claim 15,
wherein the equalizing filter response is 30 determined by an adaptive
filter method to invert a filter response proportional to the sum of the near
car HRTF and the far ear HRTF. 27- 18. An apparatus as recited in claim
13, wherein the filter approximates twice the center  HRTF is a filter that
has a response substantially equal to twice a desired center HRTF. 19. An
apparatus as recited in claim 13, wherein the audio input signals include a
left  input and a right input, wherein the pair of virtual speakers are at a left
virtual speaker location and a  5 right virtual speaker location symmetric
about the listener, and wherein the listener and listening are symmetric
such that near 14RTF is the left virtual speaker to left ear HRTF and the
right virtual  



speaker to right ear HRTF, and such that far HRTF is the left virtual
speaker to right ear HRTF and  the right virtual speaker to left ear HRTF,
20. An apparatus as recited in claim 13, wherein the audio input signals
include a left  10 input and a right input, wherein the pair of virtual
speakers are at a left virtual speaker location and a  right virtual speaker
location, and wherein the near HRTF is proportional to the average of the
left  virtual speaker to left ear HRTF and the right virtual speaker to tight
oar HRTF, and wherein the far  HRTF is proportional to the average of the
left virtual speaker to right car HRTF and the right virtual  speaker to left
ear HRTF. 15 21. An apparatus as recited in claim 13, wherein the audio
input signals include a left  input and a right input, wherein the pair of
virtual speakers are ata left front virtual speaker location  and a right front
virtual speaker location to the front of the listener. 22. An apparatus as
recited in claim 21, wherein the left front and right front virtual  speaker
locations are at azimuth angles of magnitude between 45 and 90 degrees
to the listener. 20 23. An apparatus as recited in claim 13, wherein the
audio input signals include a left  input and a right input, wherein the pair
of virtual speakers are at a left rear virtual speaker location  and a right
rear virtual speaker location to the rear of the listener. 24. An apparatus as
recited in claim 13, wherein the audio input signals are a subset of a  set
of more than two input signals for surround sound playback, and 'wherein
the method includes 25 processing the set of more than two input signals
for listening through headphones, including  creating virtual speaker
locations for each of the input signals. 25. An apparatus comprising: a
shuffler having inputs to accept a pair of audio input signals to create a
first signal  ("stun signal") proportional to the sum of the input signals and
a second signal ("difference signal")  3o proportional to the difference of
the input signals, the shuffler having a sum signal output and a  difference
signal output; a sum filter coupled'to the sum signal output to filter the sum
signal to approximates  twice a center HRTF for a listener listening to a
virtual sound source at a center location; a difference filter coupled to the
difference signal output to filter the difference  signal, the difference filter
approximating the difference between it near ear HRTF and a far ear  S
HRTF for the listener listening to a pair of virtual speakers; and an
unshuffter coupled to the outputs of the sum filter and the difference filter
to  create a first output signal proportional to the sum of the filtered sum
and filtered difference signals  and a second output signal proportional to
the difference of the filtered sum and filtered difference  signals, 



10 such that in the case that the pair of audio input signals includes a
panned signal  component, the listener listening to the first and second
output signals through headphones is  provided with the sensation that the
panned signal component emanates from the virtual sound source at the
center location. 26. An apparatus as recited in claim 25, wherein response
for the sum filter that 15 approximates twice the center HRTF is obtained
as the sum of equalized versions of the near ear  HRTF and the far ear
HRTF, respectively obtained by filtering the near our HRTF and the far,
ear  HRTF, respectively, by an equalizing filter, and wherein the difference
filter is a filter that has a  response substantially equal to the difference
between the equalized versions of the near car FIRTF  and the far ear
HRTF. 20 27. An apparatus as recited in claim 26, wherein the equalizing
filter is an inverse filter  for a filter proportional to the sum of the near ear
11SICF and the far ear HRTF. 28. An apparatus as recited in claim 27,
wherein the equalizing filter response is  determined by inverting in the
frequency domain a filter response proportional to the sum of the near  ear
HRTF and the far ear HRTF. ' 25 29. An apparatus as recited in claim 27,
wherein the equalizing filter response is  determined by an adaptive filter
method to invert a filter response proportional to the sum of the near  ear
HRTF and the far ear HRTF. 30. An apparatus as recited in claim 25,
wherein' the sum filter bas a response  substantially equal to twice a
desired center HRTF. 30 31. An apparatus as recited in claim 25, wherein
the audio input signals include a left  input and a right input, wherein the
pair of virtual speakers are at a left virtual speaker location and a  right
virtual speaker location symmetric about the listener, and wherein the
listener and listening are 29  symmetric such that near HRTF is the left
virtual speaker to left ear HRTF and the right virtual speaker  to right ear
HRTF. and such that far HRTF is the left virtual speaker to right ear HRTF
and the right  virtual speaker to left ear FIRTF. 5 32. An apparatus as
recited in claim 25, wherein the audio input signals include a left input and
a  right input, wherein the pair of virtual speakers are at a left virtual
speaker location and a right virtual  speaker location, and wherein the
near HRTF is proportional to the average of the left virtual speaker to  left
ear HRTF and the right virtual speaker to right ear HRTF, and wherein the
far HRTF is proportional  to the average of the left virtual speaker to right
ear HRTF and the right virtual speaker to left ear  10 HRTF. 33. An
apparatus as recited in claim 25, wherein the audio input signals include a
left input and a  



right input, wherein the pair of virtual speakers are at a left front virtual
speaker location and a right  front virtual speaker location to the front of
the listener. 15 34. An apparatus as recited in claim 33. wherein the left
front and right front virtual speaker  locations are at azimuth angles of
magnitude between 45 and 90 degrees to the listener. 35. An apparatus
as recited in claim 25, wherein the audio input signals include a left input
and a  20 right input, wherein the pair of virtual speakers are at a left rear
virtual speaker location and a right rear  virtual speaker location to the rear
of the listener. 36. An apparatus as recited in claim 25, wherein the audio
input signals are a subset of a set of more  than two input signals for
surround sound playback, and wherein the method includes processing
the set  25 of more than two input signals for listening through
headphones, including creating virtual speaker  locations for each of the
input signals. 30  37. A method comprising: filtering a pair of audio input
signals by a process that produces a. pair of output signals  corresponding
to the results of: filtering each of the input signals with a HRTF filter pair;
and  5 adding the HRTF filtered signals, wherein the HRTF filter pair are
such that a listener listening to the pair of output signals  through
headphones experiences sounds from a pair of desired virtual speaker
locations, wherein the filtering is such that, in the case that the pair of
audio input signals includes a  panned signal component, the listener
listening to the pair of output signals through headphones is  10 provided
with the sensation that the panned signal component emanates from a
virtual sound source  at a center location between the virtual speaker
locations, and wherein the HRTF filter pair consists of a near ear HRTF
and a far ear HRTF for the listener  listening to a pair of virtual speakers at
the desired virtual speaker locations, and wherein the  filtering of the pair
of audio input signals includes: 15 shuffling the input signals to create a
first signal ("sum signal") proportional to the sum of  the input signals and
a second signal ("difference signal") proportional to the difference of the
input  signals; filtering the sum signal through a filter that approximates
twice a center HRTF for a listener  listening to a virtual sound source at a
center location; 20 filtering the difference signal through a filter that
approximates the difference between the  near ear HRTF and the far ear
HRTF; and 



unshuffling the filtered sum signal and the filtered difference signal to
create a first output  signal proportional to the sum of the filtered sum and
filtered difference signals and a. second output  signal proportional to the
difference of the filtered sum and filtered difference signals. 25 38. A
method as recited in claim 37, wherein the filter that approximates twice
the center HRTF  is a filter that has a response substantially equal to twice
a desired center HRTF. 39. A method comprising: 30 filtering a pair of
audio input signals by a process that produces a pair of output signals
corresponding to the results of: filtering each of the input signals with a
HRTF filter pair; and  adding the HRTF filtered signals, wherein the HRTF
filter pair are such that a listener listening to the pair of output signals  35
through headphones experiences sounds from a pair of desired virtual
speaker locations, wherein the filtering is such that, in the case that the
pair of audio input signals includes a  panned signal component, the
listener listening to the pair of output signals through headphones is 30a
provided with the sensation that the panned signal component emanates
from a virtual sound source at a center location between the virtual
speaker locations, and wherein the HRTF filter pair consists of an
equalized near ear HRTF and an equalized far  ear HRTF, the equalized
near ear HRTF and the equalized far ear HRTF obtained by respectively
5 equalizing a near ear HRTF and a far ear HRTF for the listener listening
to a pair of virtual speakers at the desired virtual speaker locations, the
equalizing using an equalizing filter configured such that  the average of
the equalized near ear HRTF and equalized far ear HRTF is a desired
center HRTF  for the listener listening to a virtual sound source at a center
location. 10 40, A method as recited in claim 39, wherein the equalizing
filter is an inverse filter for a filter  proportional to the average of the near
ear HRTF and the far ear HRTF. 41. A method comprising: filtering a pair
of audio input signals by a process that produces a pair of output signals
15 corresponding to the results of: filtering each of the input signals with a
HRTF filter pair; and  adding the HRTF filtered signals, wherein the HRTF
filter pair are such that a listener listening to the pair of output signals
through headphones experiences sounds from a pair of desired virtual
speaker locations, 20 wherein the filtering is such that, in the case that the
pair of audio input signals includes a  



panned signal component, the listener listening to the pair of output
signals through headphones is  provided with the sensation that the
panned signal component emanates from a virtual sound source  at a
center location between the virtual speaker locations, and wherein the
filtering the pair of audio input signals is such that that the sum of the pair
of  25 audio input signals is filtered by a filter response substantially equal
to a desired center HRTF. 42. A method comprising: filtering a pair of
audio input signals by a process that produces a pair of output signals
corresponding to the results of: 30 filtering each of the input signals with a
HRTF filter pair; and  adding the HRTF filtered signals, wherein the HRTF
filter pair are such that a listener listening to the pair of output signals
through headphones experiences sounds from a pair of desired virtual
speaker locations, wherein the filtering is such that, in the case that the
pair of audio input signals includes a  35 panned signal component, the
listener listening to the pair of output signals through headphones is
provided with the sensation that the panned signal component emanates
from a virtual sound source  at a center location between the virtual
speaker locations, and 30b  wherein the audio input signals include a left
input and a right input, wherein the pair of virtual speakers are at a left
virtual speaker location and a right virtual speaker location symmetric
about the listener, and wherein the listener and listening are 31
symmetric such that near HRTF is the left virtual speaker to left ear HRTF
and the right virtual  speaker to right ear HRTF, and such that far HRTF is
the left virtual speaker to right ear HRTF and  the right virtual speaker to
left earl-] RTF. 5 43. A method comprising: filtering a pair of audio input
signals by a process that produces a pair of output signals  corresponding
to the results of: filtering each of the input signals with a HRTF filter pair;
and  adding the HRTF filtered signals, 10 wherein the HRTF filter pair are
such that a listener listening to the pair of output signals  through
headphones experiences sounds from a pair of desired virtual speaker
locations, wherein the filtering is such that, in the case that the pair of
audio input signals includes a  panned signal component, the listener
listening to the pair of output signals through headphones is  provided with
the sensation that the panned signal component emanates from a virtual
sound source  



15 at a center location between the virtual speaker locations, and wherein
the audio input signals include a left input and a right input, wherein the
pair of  virtual speakers are at a left virtual speaker location and a right
virtual speaker location, and wherein  the near HRTF is proportional to the
average of the left virtual speaker to left ear HRTF and the  right virtual
speaker to right ear HRTF5 and wherein the far HRTF is proportional to
the average of  20 the left virtual speaker to right ear HRTF and the right
virtual speaker to left ear HRTF. 44. A method comprising: filtering a pair
of audio input signals by a process that produces a pair of output signals
corresponding to the results of. 25 filtering each of the input signals with a
HRTF filter pair; and  adding the HRTF filtered signals, wherein the HRTF
filter pair are such that a listener listening to the pair of output signals
through headphones experiences sounds from a pair of desired virtual
speaker locations, wherein the filtering is such that, in the case that the
pair of audio input signals includes a  30 panned signal component, the
listener listening to the pair of output signals through headphones is
provided with the sensation that the panned signal component emanates
from a. virtual sound source  at a center location between the virtual
speaker locations, andwhercin the audio input signals include  a left input
and a right input, wherein the pair of virtual speakers are at a left front
virtual speaker  location and a right front virtual speaker location to the
front of the listener. 35 45. A method as recited in claim 44, wherein the
left front and right front virtual speaker  locations are at azimuth angles of
magnitude between 45 and 90 degrees to the listener. 3la  46. A method
comprising: filtering a pair of audio input signals by a process that
produces a pair of output signals  corresponding to the results of: filtering
each of the input signals with a HRTF filter pair; and  5 adding the HRTF
filtered signals, wherein the HRTF filter pair are such that a listener
listening to the pair of output signals  through headphones experiences
sounds from a pair of desired virtual speaker locations, wherein the
filtering is such that, in the case that the pair of audio input signals
includes a  panned signal component, the listener listening to the pair of
output signals through headphones is  10 provided with the sensation that
the panned signal component emanates from a virtual sound source  at a
center location between the virtual speaker locations, and 



wherein the audio input signals include a left input and a right input,
wherein the pair of  virtual speakers are at a left rear virtual speaker
location and a right rear virtual speaker location to  the rear of the listener.
15 47. A method comprising: filtering a pair of audio input signals by a
process that produces a pair of output signals  corresponding to the
results of: filtering each of the input signals with a HRTF filter pair; and  20
adding the HRTF filtered signals, wherein the HRTF filter pair are such
that a listener listening to the pair of output signals  through headphones
experiences sounds from a pair of desired virtual speaker locations,
wherein the filtering is such that. in the case that the pair of audio input
signals includes a  panned signal component, the listener listening to the
pair of output signals through headphones is  25 provided with the
sensation that the panned signal component emanates from a virtual
sound source  at a center location between the virtual speaker locations,
and wherein the audio input signals are a subset of a set of more than two
input signals for  surround sound playback, and wherein the method
includes processing the set of more than two  input signals for listening
through headphones, including creating virtual speaker locations for each
30 of the input signals. 32  48. A method comprising: filtering a pair of
audio input signals for audio reproduction, the filtering by a process that
produces a pair of output signals corresponding to the results of: filtering
each of the input signals with a. HRTF filter pair;  5 adding the HRTF
filtered signals; and cross-talk cancelling the added HRTF filtered signals,
wherein the cross-talk cancelling is for a listener listening to the pair of
output signals  through speakers located at a first set of speaker locations,
wherein the HRTF filter pair are such that a listener listening to the pair of
output signals  10 experiences sounds from a pair of virtual speakers at
desired virtual speaker locations, wherein the filtering is such that, in the
case that the pair of audio input signals includes a  panned signal
component, a listener listening to the pair of output signals through the
pair of  speakers at the first set of speaker locations is provided with the
sensation that the panned signal  component emanates from a virtual
sound source at a center location between the desired virtual  



15 speaker locations, and wherein the HRTF filter pair consists of a near
ear HRTF and a far car HRTF for the listener  listening to a pair of virtual
speakers at the desired virtual speaker locations, and wherein the  filtering
of the pair of audio input signals includes: shuffling the input signals to
create a first signal ("sum signal") proportional to the sum of  20 the input
signals and a second signal ("difference signal") proportional to the
difference of the input  signals; filtering the sum signal through a filter that
approximates twice a center HRTF for a listener  listening to a virtual
sound source at a center location; filtering the difference signal through a
filter that approximates the difference between the  25 near ear HRTF and
the far ear HRTF: and unshuffling the filtered sum signal and the filtered
difference signal to create a first output  signal proportional to the sum of
the filtered sum and filtered difference signals and a second output  signal
proportional to the difference of the filtered sum and filtered difference
signals. 30 49. A method as recited in claim 48, wherein the filter that
approximates twice the center  HRTF is a filter that has a response
substantially equal to twice a desired center HRTF. 50. A method
comprising: filtering a pair of audio input signals for audio reproduction,
the filtering by a process that  35 produces a pair of output signals
corresponding to the results of: filtering each of the input signals with a
HRTF filter pair;  adding the HRTF filtered signals; and cross-talk
cancelling the added HRTF filtered signals, 32a  wherein the cross-talk
cancelling is for a listener listening to the pair of output signals through
speakers located at a first set of speaker locations, wherein the HRTF
filter pair are such that a listener listening to the pair of output. signals
experiences sounds from a pair of virtual speakers at desired virtual
speaker locations, 5 wherein the filtering is such that, in the case that the
pair of audio input signals includes a  panned signal component, a listener
listening to the pair of output signals through the pair of  speakers at the
first set of speaker locations is provided with the sensation that the
panned signal  component emanates from a virtual sound source at a
center location between the desired virtual  speaker locations, and 10
wherein the HRTF filter pair consists of an equalized near ear HRTF and
an equalized far  ear HRTF, the equalized near ear HRTF and the
equalized far ear HRTF obtained by respectively  



equalizing a near ear HRTF and a far ear HRTF for the listener listening to
a pair of virtual speakers  at the desired virtual speaker locations, the
equalizing using an equalizing filter configured such that  the average of
the equalized near ear HRTF and equalized far ear HRTF is a desired
center HRTF  15 for the listener listening to a virtual sound source at a
center location. 51. A method as recited in claim 50, wherein the
equalizing filter is an inverse filter for a filter  proportional to the average of
the near ear HRTF and the far ear HRTF. 20 52. A method comprising:
filtering a pair of audio input signals for audio reproduction, the filtering by
a process that  produces a pair of output signals corresponding to the
results of: filtering each of the input signals with a HRTF filter pair;  adding
the I-IRTF filtered signals; and 25 cross-talk cancelling the added HRTF
filtered signals, wherein the cross-talk cancelling is for a listener listening
to the pair of output signals  through speakers located at a first set of
speaker locations, wherein the HRTF filter pair are such that a listener
listening to the pair of output signals  experiences sounds from a pair of
virtual speakers at desired virtual speaker locations, wherein the  30
filtering is such that, in the case that the pair of audio input signals
includes a panned signal component, a listener listening to the pair of
output signals through the pair of speakers at the first  set of speaker
locations is provided with the sensation that the panned signal component
emanates  from a virtual sound source at a center location between the
desired virtual speaker locations, and wherein the filtering of the pair of
audio input signals is such that that the sum of the pair of  35 audio input
signals is filtered by a filter response substantially equal to twice a desired
center HRTF. 3r,  53. A method comprising: filtering a pair of audio input
signals for audio reproduction, the filtering by a process that  produces a
pair of output signals corresponding to the results of: filtering each of the
input signals with a HRTF filter pair;  5 adding the HRTF filtered signals;
and cross-talk cancelling the added HRTF filtered signals, wherein the
cross-talk cancelling is for a listener listening to the pair of output signals
through speakers located at a first set of speaker locations, wherein the
HRTF filter pair are such that a listener listening to the pair of output
signals  10 experiences sounds from a pair of virtual speakers at desired
virtual speaker locations, wherein the filtering is such that, in the case that
the pair of audio input signals includes a  



panned signal component, a listener listening to the pair of output signals
through the pair of  speakers at the first set of speaker locations is
provided with the sensation that the panned signal  component emanates
from a virtual sound source at a center location between the desired
virtual  15 speaker locations, and wherein the audio input signals include a
left input and a right input, wherein the pair of  virtual speakers are at a left
virtual speaker location and a right virtual speaker location symmetric
about the listener, and wherein the listener and listening are symmetric
such that near HRTF is the  left virtual speaker to left ear I I MT and the
right virtual speaker to right ear HRTF, and such that 20 far HRTF is the
left virtual speaker to right ear 1-1RTF and the right virtual speaker to left
ear HRTF.  54. A method comprising: filtering a pair of audio input signals
for audio reproduction, the filtering by a process that  produces a pair of
output signals corresponding to the results of. 25 filtering each of the input
signals with a HRTF filter pair;  adding the HRTF filtered signals; and
cross-talk cancelling the added HRTF filtered signals, wherein the
cross-talk cancelling is for a listener listening to the pair of output signals
through speakers located at a. first set of speaker locations, 30 wherein
the HRTF filter pair are such that a listener listening to the pair of output
signals  experiences sounds from a pair of virtual speakers at desired
virtual speaker locations, wherein the filtering is such that, in the case that
the pair of audio input signals includes a  panned signal component, a
listener listening to the pair of output signals through the pair of  speakers
at the first set of speaker locations is provided with the sensation that the
panned signal 35 component emanates from a virtual sound source at a
center location between the desired virtual  speaker locations, and
wherein the audio input signals include a left input and a right input,
wherein the pair of  virtual speakers are at a left virtual speaker location
and a right virtual speaker location, and wherein 33a  the near HRTF is
proportional to the average of the left virtual speaker to left ear HRTF and
the right virtual speaker to right ear HRTF, and wherein the far HRTF is
proportional to the average  of the left virtual speaker to right ear HRTF
and the right virtual speaker to left ear HRTF. 5 55. A method comprising:
filtering, a pair of audio input signals for audio reproduction, the filtering by
a process that  produces a pair of output signals corresponding to the
results of: filtering each of the input signals with a HRTF filter pair;  



adding the IIRTF filtered signals; and 10 cross-talk cancelling the added
HRTF filtered signals, wherein the cross-talk cancelling is for a listener
listening to the pair of output signals  through speakers located at a. first
set of speaker locations, wherein the HRTT filter pair are such that a
listener listening to the pair of output signals  experiences sounds from a
pair of virtual speakers at desired virtual speaker locations, 15 wherein the
filtering is such that, in the case that the pair of audio input signals
includes a  panned signal component, a listener listening to the pair of
output signals through the pair of  speakers at the first set of speaker
locations is provided with the sensation that the panned signal
component emanates from a virtual sound source at a center location
between the desired virtual  speaker locations, and 20 wherein the audio
input signals include a left input and a right input, wherein the pair of
virtual speakers are at a. left front virtual speaker location and a right front
virtual speaker location to  the front of the listener. 56. A method as
recited in claim 55, wherein the left front and right front virtual speaker  25
locations are at azimuth angles of magnitude between 45 and 90 degrees
to the listener. 57. A method comprising: filtering a pair of audio input
signals for audio reproduction, the filtering by a process that  produces a
pair of output signals corresponding to the results of: 30 filtering each of
the input signals with a HRTF filter pair;  adding the HRTF filtered signals:
and cross-talk cancelling the added I-IRTF filtered signals, wherein the
cross-talk cancelling is for a listener listening to the pair of output signals
through speakers located at a first set of speaker locations, 35 wherein
the HRTF filter pair are such that a listener listening to the pair of output
signals  experiences sounds from a pair of virtual speakers at desired
virtual speaker locations, wherein the filtering is such that, in the case that
the pair of audio input signals includes a  panned signal component, a
listener listening to the pair of output. signals through the pair of 33b
speakers at the first set of speaker locations is provided with the sensation
that the panned signal component emanates from a virtual sound source
at a center location between the desired  virtual speaker locations, and
wherein the audio input signals include a left input and a right input,
wherein the pair of  5 virtual speakers are at a left rear virtual speaker
location and a right rear virtual speaker location to  



the rear of the listener. 58. A method comprising: filtering a pair of audio
input signals for audio reproduction, the filtering by a process that  10
produces a pair of output signals corresponding to the results of: filtering
each of the input signals with a HRTF filter pair;  adding the HRTF filtered
signals; and cross-talk cancelling the added HRTF filtered signals,
wherein the cross-talk cancelling is for a listener listening to the pair of
output signals  15 through speakers located at a first set of speaker
locations, wherein the HRTF filter pair are such that a listener listening to
the pair of output signals  experiences sounds from a pair of virtual
speakers at desired virtual speaker locations, wherein the filtering is such
that, in the case that the pair of audio input signals includes a  panned
signal component, a listener listening to the pair of output signals through
the pair of  20 speakers at the first set of speaker locations is provided
with the sensation that the panned signal component emanates from a
virtual sound. source at a center location between the desired virtual
speaker locations, and wherein the audio input signals are a subset of a
set of more than two input signals for  surround sound playback, and
wherein the method includes processing the set of more than two  25
input signals for listening through headphones, including creating virtual
speaker locations for each  of the input signals. 34  59. A method
comprising: accepting a pair of audio input signals for audio reproduction;
shuffling the input signals to create a first signal ("sum signal")
proportional to the sum of  the input signals and a second signal
("difference signal") proportional to the difference of the input  5 signals;
filtering the sum signal through a filter that approximates the sum of an
equalized version of  a near ear HRTF and an equalized version of a far
ear HRTF, the near ear and far ear HRTFs being  for a listener listening to
a pair of virtual speakers at corresponding virtual speaker locations, the
equalized versions obtained using an equalization filter designed such that
the average of the 10 equalized near ear HRTF and equalized far car
HRTF approximates a center HRTF for a listener  listening to a virtual
sound source at a center location between the virtual speaker locations;
filtering the difference signal through a filter that approximated the
difference between the  equalized version of the near ear HRTF and the
equalized version of the far ear HRTF for the  



listener listening to the pair of virtual speakers; and 15 unshu'ffiing the
filtered sum signal and the filtered difference signal to create a first output
signal proportional to the sum of the filtered sum and filtered difference
signals and a second output  signal proportional to the difference of the
filtered sum and filtered difference signals, such that in the case that the
pair of audio input signals includes a panned signal component,  the
listener listening to the first and second output signals through
headphones is provided with the  20 sensation that the panned signal
component emanates from the virtual sound source at the center  location.


