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(57) Abstract

An acoustic crossfeed canceller, intended for implementation in software, such that when run in real time on a personal computer, 
the canceller has very low mips requirements and uses a small fraction of available CPU cycles. Thus, for example, the program could be 
included with video games, CD-ROMs, Internet audio and the like, rendering surround sound images outside the space between left and 
right computer multimedia loudspeakers when the audio from such sources is reproduced.
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DESCRIPTION

MULTIDIRECTIONAL AUDIO DECODING 
5

Technical Field

The invention relates to multidirectional audio decoding. More particularly, the 

10 invention relates to a computer-software-implemented acoustic-crossfeed canceller using

very low processing resources of a personal computer for use in a multidirectional audio

decoding and presentation system.

15

Background Art

Multichannel audio for personal computer-based multimedia video games, CD 

ROMs, Internet audio and the like (often referred to as "multimedia audio") has emerged 

as a new application for the Dolby Surround and Dolby Digital multichannel sound

20 encoding and decoding systems.

Dolby Surround, based on the use of a 4:2:4 amplitude-phase matrix, has heretofore 

become well known as a system for encoding four audio channels (left, right, center and 

surround) on two channel audio media (cassettes and compact discs), radio transmissions 

and the audio portions of video recordings (video tapes and laser discs), and television

25 broadcasts, and for decoding therefrom. Dolby Surround (and Dolby Surround Pro

Logic, which employs an active surround decoder to enhance channel separation) is 

widely used in home theatre systems, typically requiring a minimum of three 

loudspeakers (left and right loudspeakers positioned adjacent to the picture display and 

one surround loudspeaker, behind the audience) and preferably four loudspeakers (two

30 surround loudspeakers instead of one, located at each side of the audience). Ideally,

even a fifth loudspeaker is used, to provide a "hard" center channel reproduction.

Dolby Digital employs the Dolby AC-3 digital audio coding technology in which 5.1

audio channels (left, center, right, left surround, right surround and a limited-bandwidth

subwoofer channel) are encoded on a bit-rate reduced data stream. Dolby Digital, a

35 newer technology than Dolby Surround, is already widely used in home theatre systems
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and has been chosen as the audio standard for the digital video disc (DVD) and high 

definition television (HDTV) in the United States. In a home theatre environment, 

Dolby Digital requires a minimum of four loudspeakers because it renders two surround 

channels instead of one.

5 In the personal computer "multimedia" environment, typically only two loudspeakers

are employed, left and right speakers located adjacent to or near the computer monitor 

(and, optionally, a subwoofer, which may be remotely located, such as on the floor — 

in the present discussion, the subwoofer is ignored). When presented over the left and 

right speakers via conventional means, stereo material generally produces sonic images

10 that are constrained to the speakers themselves and the space between them. This effect

results from the crossfeed of the acoustic signal from each speaker to the far ear of a 

listener positioned in front of the computer monitor. Acoustic cancellation and arbitrary 

source position rendering are aspects of the same common process.

To reproduce Dolby Surround encoded material in a computer environment, certain

15 prior art arrangements employ multiple loudspeaker drivers within a single enclosure in

order to simulate the use of multiple loudspeakers. See, for example, U.S. Patent 

5,553,149, which is hereby incorporated by reference in its entirety.

Other prior art arrangements have proposed the use of sound image processing 

employing acoustic-crossfeed cancellation to render the perception that the surround

20 sound information is coming from virtual loudspeaker locations behind or to the side of

a listener when only two forward-located loudspeakers are employed. See, for example, 

published European Patent Application EP 0 637 191 A2 and published International 

Application WO 96/96515. The origin of the acoustic-crossfeed canceller is 

generally attributed to B.S. Atal and Manfred Schroeder of Bell Telephone Laboratories

25 (see, for example, U.S. Patent 3,236,949, which is hereby incorporated by reference in

its entirety). As originally described by Schroeder and Atal, the acoustic crossfeed 

effect can be mitigated by introducing an appropriate cancellation signal from the 

opposite speaker. Since the cancellation signal itself will crossfeed acoustically, it too 

must be canceled by an appropriate signal from the originally-emitting speaker, and so

30 on.

The present invention is directed to an acoustic crossfeed canceller which may be 

implemented using very low processing resources of a personal computer particularly for 

use in a multidirectional audio decoding and presentation system such as a computer
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multimedia system having only two main loudspeakers.

Disclosure of Invention

In accordance with the present invention, an acoustic crossfeed canceller is provided,

5 intended for implementation in software, such that when run in real time on a personal

computer, the canceller has very low mips requirements and uses a small fraction of 

available CPU cycles. Thus, for example, the program could be included with video 

games, CD ROMs, Internet audio and the like, rendering surround sound images outside 

the space between left and right computer multimedia loudspeakers when the audio from

10 such sources is reproduced.

In an ideal reproduction system, if a source recording has M channels, each having 

an associated source direction, the listener should perceive these M channels reproduced 

from their respective M source directions. In practical reproduction systems, the M 

source channels are reproduced by N presentation channels or loudspeakers, each having

15 a position with respect to the original source directions and with respect to one or more

listeners (each stationary listener having a listening position P at each ear). The overall 

system may be expressed as:

M => [C] => N =» [R] => P,

20

where [C] is an Μ x N port filter network C which processes or maps the M source 

channels to the N presentation channels (i.e., linear, time-invariant mapping) and [R] is 

an N x P port filter network R which processes or maps the N presentation channels to 

P listening positions (also linear, time-invariant mapping).

25 The filter network R may be represented by a room matrix R of filter responses or

transfer functions (in practice, head related transfer functions or HRTFs), determined 

by measuring or estimating the transfer function from each of the N presentation 

channels to each of the P listening positions, forming an N x P matrix of transfer 

functions, each of which may include the effects of loudspeaker response deviations,

30 room acoustics, delays, echoes, possible head shadow, etc.:
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Γ “1
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5 | Γη1 ··· Γηρ | ,
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where the matrix elements r„ ... are individual filter responses representing the 

transfer function from each presentation channel to each listening position. If the matrix 

elements rn ... r^ are frequency domain transfer functions expressed, for example, as

10 fast fourier transforms (FFTs), standard matrix operations (addition, multiplication, etc.)

may be accomplished with the matrix. In accordance with the present invention, the 

room matrix may be simplified by ignoring all but the time delay and frequency 

dependent attenuation in the direct acoustic path between each presentation channel and 

each listening position and by smoothing the attenuation response throughout at least a

15 substantial portion of the audio sound spectrum intended to be reproduced by said

presentation channels.

The filter network C constitutes an acoustic crossfeed canceller and may be 

represented by a cancellation matrix C of filter responses or transfer functions:

r 1
20 | c„ Cjj ... Cjn |

I °21 ^22 ··· °2n I

C- I .................................... I

I Cml Cm2 ··· ^mn I >
L _1

25 where the matrix elements c„ ... c^ are individual filter responses. If the matrix

elements cn ... c^ are frequency domain transfer functions expressed, for example, as 

fast fourier transforms (FFTs), standard matrix operations (addition, multiplication, etc.) 

may be accomplished with the matrix.

Because it restores the M source channels to their original directions, the acoustic-

30 crossfeed canceller has the ability to create phantom or virtual images — sounds

apparently come from directions M rather than loudspeaker N positions, which N 

positions may be differently located than the M sources with respect to the listening 

positions P.



WO 98/42162 PCT/US98/O3882
-5-

An acoustic crossfeed canceller functions in the nature of a "spatial inverse" filter 

in a sound reproduction system to cancel a listening room’s acoustics and substitute 

instead the acoustics of the original recording. So that the listener hears the original M 

channels at the P listening positions as is desired, let

5

CR = I,

where I is the identity matrix, or

10 C = R1.

Thus, the matrix C, may be determined by establishing the room matrix R and taking 

its inverse. Because the room matrix R is simplified, in accordance with the present 

invention, the resulting canceller matrix C will also be simplified, resulting in simpler

15 software realizations of the audio crosstalk-cancelling network C, which realizations

minimize the processing resource requirements when run on a personal computer.

If the elements of the R matrix are frequency-domain transfer functions, its inverse 

may be calculated in order to derive the cancellation matrix C. One or more software 

realizable Μ x N port audio crosstalk-cancelling networks may then be derived from the

20 cancellation matrix C. In the resulting Μ x N port network, each output N is,

depending on the realization, either (1) the linear combination of separately-filtered 

versions of the M inputs, (2) the linear combination of separately-filtered versions of the 

M inputs and separately-filtered feedback signals from the N outputs, or (3) separately- 

filtered feedback signals from the N outputs added to the M inputs.

25 One way of realizing the network is to transform the elements of the matrix C to

time domain representations, from which FIR filter realizations are readily obtained, as 

is well known. Although an IIR filter realization is preferred in order to minimize 

processing resources, obtaining an IIR filter from an FIR filter is not a simple process. 

Thus, instead of transforming the matrix C elements to the time domain, it is preferred

30 to leave them in the frequency domain from which their filter amplitude and phase

responses are readily obtained. In turn, simple IIR or FIR/IIR filter realizations, 

including their filter coefficients, requiring low processing power, may be realized which 

implement the desired amplitude and phase responses. Although such IIR or FIR/IIR
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filters may be derived by trial and error techniques, in practice, a better way to realize 

such HR or FIR/IIR filters is to employ one of the many off-the-shelf digital-filter-design 

computer programs.

If the room matrix R is not a square matrix, the canceller inverse matrix C is a

5 "pseudo matrix inverse" but is still the optimal way to map M source channels onto N

presentation channels for presentation at P listener positions. For the underconstrained 

case (i.e., P is less than N), the pseudo inverse minimizes the RMS error between actual 

and desired solutions. For the overconstrained case (i.e., P is greater N), the pseudo 

inverse minimizes the RMS energy of the input(s) needed to achieve exact solution.

10 As will be understood from the above discussion, the principles of the present

invention are applicable generally to arbitrary numbers of source channels, loudspeakers 

and listening positions. However, for simplicity, the preferred embodiments described 

below relate to the specific case in which there are two loudspeakers (such as in a typical 

computer multimedia arrangement, the speakers narrowly and symmetrically spaced in

15 front of the listener, as on either side of a multimedia computer monitor or TV set), two

source channels (such as, but not limited to, left surround and right surround), and two 

listening positions (a listener’s ears) such that N = M = P = 2. Thus, the acoustic 

transfer room matrix R is a 2 x 2 matrix and the canceller’s response, C, is represented 

by the 2 x 2 matrix that is the inverse of the R matrix such that the left source channel

20 L is perceived only at the left ear (one of the two listener positions P) while the right

source channel R is perceived only at the right ear (the other of the two listener positions 

P).

Signals applied via such an acoustic crosstalk canceller to a pair of loudspeakers 

adjacent to a computer monitor result in the perception that the sound is coming from

25 the sides of the listener rather than where the speakers are located — forward direction

cues are lost and the sound seems to come from the side only, where the surround 

speakers should be. Thus, by applying left and right channel information directly to the 

loudspeakers and summing that information with spatialized surround information (i.e., 

surround information processed by the crosstalk canceller), only two loudspeakers,

30 located adjacent to the computer monitor, are required to render the perception of left,

right and surround sound fields.

In one of its aspects, the present invention is directed to a method of deriving a 

cancellation matrix C of dimension Μ χ N in which each of the matrix elements is a
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frequency-domain transfer function, the matrix C representing an Μ x N port audio 

crosstalk-cancelling network for mapping M audio source channels, each having an 

associated source direction, to N audio presentation channels, each having a position 

relative to the source directions, such that each output N is either (1) the linear

5 combination of separately-filtered versions of the M inputs, (2) the linear combination

of separately-filtered versions of the M inputs and separately-filtered feedback signals 

from the N outputs, or (3) separately-filtered feedback signals from the N outputs added 

to the M inputs. The method comprises establishing a room matrix R of dimension N 

x P in which each of the matrix elements is a frequency-domain transfer function, the

10 matrix R representing an N x P port network for mapping N presentation channel

positions to P listening positions, wherein the frequency-domain transfer functions 

represent the time delay and a smoothed version of the frequency dependent attenuation 

along a direct acoustic path from each one of said presentation channel positions to each 

one of said listening positions, and setting the crosstalk-cancelling matrix C equal to the

15 inverse of the room matrix R. The smoothed version of the frequency dependent

attenuation may be, for example, a smoothed average of said acoustic path attenuation 

throughout at least a substantial portion of the audio sound spectrum intended to be 

reproduced by the presentation channels.

In another of its aspects, the invention is directed to an Μ x N port audio crosstalk-

20 cancelling network for mapping M audio source channels, each having an associated

source direction, to N audio presentation channels, each having a position relative to the 

source directions, such that each output N is either (1) the linear combination of 

separately-filtered versions of the M inputs, (2) the linear combination of separately- 

filtered versions of the M inputs and separately-filtered feedback signals from the N

25 outputs, or (3) separately-filtered feedback signals from the N outputs added to the M

inputs. The cross-talk cancelling network is produced by the steps of establishing a 

room matrix R of dimension N x P in which each of the matrix elements is a frequency- 

domain transfer function, the matrix R representing an N x P port network for mapping 

N presentation channel positions to P listening positions, wherein the frequency-domain

30 transfer functions represent the time delay and a smoothed version of the frequency

dependent attenuation along a direct acoustic path from each one of the presentation

channel positions to each one of the listening positions, deriving the inverse of the room

matrix R to produce a crosstalk-cancelling matrix C of dimension Μ x N in which each
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of the matrix elements is a frequency-domain transfer function, the matrix C representing 

the M x N port audio crosstalk-cancelling network, and implementing the smoothed 

version of the frequency dependent attenuation by one or more simple digital filters 

requiring low processing power. The digital filters preferably are of the HR type or

5 IIR/FIR type and preferably are first-order filters. The smoothed version of the

frequency dependent attenuation may be, for example, a smoothed average of said 

acoustic path attenuation throughout at least a substantial portion of the audio sound 

spectrum intended to be reproduced by the presentation channels. The time delay may 

be realized by a digital ring buffer.

10 According to a further aspect of the present invention, the Μ x N port audio

crosstalk-cancelling network may include an amplitude compressor, the compressor 

comprising fixed amplitude level attenuators in each of the network’s inputs, and 

variable amplitude level boosters in each of the network’s outputs, the boosters each 

including a scaler for scaling the boost between a level which restores the input

15 attenuation and an attenuated level which avoids clipping in the output signal. In a

preferred embodiment, control for the compressor is obtained from the compressor 

input, the compressor has an infinite compression ratio, thereby constituting a limiter. 

In the preferred embodiment, the compressor further includes a delay in each of the 

network’s outputs and wherein the control for the compressor looks ahead in order to

20 syllabically control the compressor’s gain. The fixed amplitude level attenuators and

variable amplitude level boosters may have frequency-independent characteristics. 

Alternatively, the fixed amplitude level attenuators and variable amplitude level boosters 

have frequency dependent characteristics. When the crosstalk processor is noisy at low 

signal levels, as it may be when an inexpensive processor is employed, such as DSP

25 chips supporting only 16-bit word lengths, the frequency dependent characteristics of

said fixed amplitude level attenuators and variable amplitude level boosters operate only 

at mid to low frequencies, thus keeping the loss in signal-to-noise ratio low and limiting 

the loss to frequencies where it is less inaudible.

In another aspect of the invention, the audio crosstalk-cancelling network is a 2 x 2

30 port network for mapping two audio source channels M to two audio presentation

channels N applied to a pair of transducers having positions relative to the directions of 

the audio source channels M, the listener having two listening positions P, the listener’s 

left ear and the listener’s right ear, relative to the transducers, the network further
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comprising (1) two signal combiners, a first signal combiner and a second signal 

combiner, each signal combiner having at least two inputs and an output, wherein (a) 

one of the N inputs is coupled to an input of the first signal combiner and another of the 

N inputs is coupled to an input of the second signal combiner, and (b) one of the N

5 outputs is coupled to the output of the first signal combiner and another of the outputs

is coupled to the output of the second signal combiner, and (2) two signal feedback 

paths, a first signal feedback path and a second signal feedback path, each feedback path 

having a time delay and frequency dependent characteristic, and each feedback path 

having an input and an output, wherein (a) the input of the first signal feedback path is

10 coupled to the output of the first signal combiner and the output of the first signal

feedback path is coupled to the other input of the second signal combiner, (b) the input 

of the second signal feedback path is coupled to the output of the second signal combiner 

and the output of the second signal feedback path is coupled to the other input of the 

first signal combiner, (c) each of the feedback paths has a time delay representing the

15 additional time for sound to propagate along the acoustic path between a transducer and

the listener’s ear farthest from the transducer with respect to the time for sound to 

propagate along the acoustic path between the same transducer and the listener’s ear 

closest to the same transducer, and (d) each of the feedback paths has a frequency 

dependent characteristic representing the difference in the attenuation in the acoustic path

20 between a transducer and the listener’s ear farthest from the transducer and the

attenuation in the acoustic path between the same transducer and the listener’s ear closest 

to the same transducer, and (3) the signal combiners, signal feedback paths, and 

couplings therebetween having polarity characteristics such that signals processed by a 

feedback path are subtractively combined with signals coupled to the other input of the

25 respective signal combiner. The two presentation channels may be applied to a pair of

transducers, arranged generally in front of and at substantially right-and-left symmetrical 

positions with respect to a listener. The frequency dependent characteristic may be 

realized as a first-order low-pass shelving characteristic, which may be implemented by 

an IIR filter or a combination FIR/HR filter. The attenuation in the acoustic path

30 between a transducer and the listener’s ear farthest from the transducer is determined by

taking the difference between the head related transfer response from a transducer and 

the listener’s ear farthest from the transducer and the head related transfer response from 

the other transducer to the listener’s ear closest to the other transducer and smoothing
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the difference.

Various aspects of the invention may be used independently or in combination with 

each other.

5 Brief Description of Drawings

Figure 1 is a functional block diagram of a simple four-port acoustic crosstalk

canceller.

Figure 2 shows plots of the amplitude of two acoustic response characteristics versus 

frequency: response A is the difference of left and right ear impulse responses for

10 sources at + 15 degrees and response B is a smoothed version of response A.

Figure 3 is a functional block diagram of a simple, first order filter usable in the

simple acoustic crosstalk canceller of Figure 1 to realize a smoothed version of the 

difference of left and right ear impulse responses.

Figure 4A is a functional block diagram showing a preferred environment in which

15 the audio crosstalk-cancellation network of the present invention can be employed.

Figure 4B is a functional block diagram showing an alternative preferred environ

ment in which the audio crosstalk-cancellation network of the present invention can be 

employed with respect not only to surround channel signals but also to the main left and 

right signals.

20 Figure 5 is a functional block diagram showing the preferred embodiment of the

simple 2x2 port canceller of Figures 1 and 3 for use in the environments of Figure 4A 

or 4B.

Figure 6 is a functional block diagram showing a realization of the downmixer and 

output compressor/limiter of Figure 4A or 4B.
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Best Modes for Carrying Out the Invention 

As mentioned above, the required response of an acoustic canceller can be calculated

by measuring the effective response of the crosstalk process (each speaker to each ear), 

and calculating an inverse response by inverting the matrix of its system functions. One

5 or more software realizations of the inverse response may then be derived, as explained

above. However, because of the simple nature of the crosstalk process in the 2 x 2 case 

(2 speakers, 2 ears), it is possible to arrive at the inverse response in a more intuitive 

fashion.

The primary difference between a given acoustic signal reaching the near ear and the

10 same signal reaching the far ear is that the far ear signal is delayed and attenuated

slightly relative to the near-ear arrival. Generation of a canceling signal therefore 

involves subtracting from the opposite channel a signal similarly delayed and attenuated.

An acoustic crosstalk canceller employs the basic concept of active noise cancellation 

— i.e., the cross-talk signal from the left loudspeaker heard in the right ear is cancelled

15 out by applying a phase-inverted, time-delayed, amplitude-reduced and frequency-

dependently-filtered version of the same signal to the right channel and vice-versa. Each 

phase-inverted signal must in turn be cancelled in the same manner (at least for several 

iterations).

Figure 1 is a functional block diagram showing the basic elements of a simple

20 canceller. Each delay 12 and 14 is typically about 140 μϊ&ζ (microseconds) for speakers

forwardly located with respect to a listener at +/-15 degree angles (a delay of about 6 

samples at a 44.1 kHz sampling rate). Each of the filters 16 and 18 is simply a 

frequency independent attenuation factor, K, typically about 0.9. The input of each 

crossfeed leg 20 and 22 is taken from the output of an additive summer (24 and 26,

25 respectively) in a cross channel negative feedback arrangement (each leg is subtracted

at the respective summer), to generate a canceller of each previous canceller signal, as 

explained above. This is a very simple acoustic crosstalk canceller to realize digitally: 

two summations, two multiplications, and a pair of 6-sample ring buffers for the delays. 

Thus, in this realization, the N outputs of the Μ x N port network are the separately

30 filtered feedback signals from the N outputs added to the M inputs.

However, the simple canceller just described fails to account for the fact that the

attenuation introduced in the far acoustic path is frequency dependent. It is well known 

that the frequency characteristic of such acoustic paths may be derived by measuring
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30

binaural impulse responses using a human head or a dummy head, usually measured in 

an anechoic environment. Published data reflecting such measurements is widely 

available. For example, usable binaural impulse responses include those taken with a 

Kemar brand dummy head in an anechoic environment by the ΜΓΓ Media Lab, and 

published on their Internet World Wide Web site. Using such data, the dB magnitude 

values of the Fourier transforms of the left and right ear impulse responses for sources 

at 15 degrees are subtracted to arrive at a differential frequency response corresponding 

to speakers at +/-15. This raw difference spectrum is shown in Figure 2 as response 

A, a rather complex characteristic which would require a multipole filter realization.

One aspect of the present invention is to smooth a response such as response A in 

Figure 2, in order to simplify the resulting filter realization, thereby minimizing 

computer processor resources. Another aspect of the present invention is the 

implementation of the smoothed response by a first order filter section, which, when 

realized, requires very low processing power. The response of a first-order filter section 

providing a desirable smoothing is, for example, response B in Figure 2. The desired 

response is a smoothed average of the acoustic path attenuation throughout at least a 

substantial portion of the audio sound spectrum intended to be reproduced by said 

presentation channels. Trying to approximate the response with any more preciseness 

will not yield benefits because there are so many sources of error: mismatched 

speakers, speakers not same distance from listener, the listener’s head is not symmetri

cal, abnormal width head, etc. In practice, the response of a first order filter 

approximates the ideal characteristic closely enough so that the resulting crosstalk 

canceller is effective for most listeners.

A smoothed response, such as response B of Figure 2, may be realized by employing 

the FIR/IIR filter of Figure 3 in place of each of the wideband (frequency-independent) 

attenuating filters 16 and 18 of Figure 1 (i.e., replace the attenuation constant K with 

a first order filter). Functionally, as shown in the filter realization of Figure 3, the filter 

input is applied to a first scaler (fflO) 30 and to a first delay 32. The delay 32 output is 

applied to a second scaler (ffl) 34. An additive summer 36, having several inputs and 

an output, receives the outputs of scaler 30 and scaler 34. The summer 36 output 

provides the filter output which is also fed back via a second delay 38 and a third scaler 

(fbl) 39 to another input of summer 36. For +/-15 degree speakers and a sampling rate 

(fsampling) equal to 44.1 kHz, the filter coefficients for the realization shown are ffO =
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-0.4608, ffl = 0.2596, and fbl = 0.7702. Delays 32 and 38 may be implemented by 

ring buffers. The choices of ffO, ffl, fbl, and the number of samples in the two ring 

buffer delays depend on the sampling frequency and speaker spacing. The number of 

samples in the delays is typically in the range of 1 to 7 for practical speaker angles and

5 sampling rates (about 6 samples for ± 15 degree speakers and fsampling = 44.1 kHz).

In accordance with another aspect of the present invention, the filter realization of 

the smoothed difference response is implemented by a first order HR or FIR/IIR filter. 

If implemented using an FIR filter, feed forward with multiple delays would be required 

in order to provide multiple iterations of the required cross cancelling. Such an

10 implementation is processor intensive. On the other hand an HR or FIR/IIR realization

inherently provides multiple delays with much greater simplicity and lower processor 

demands.

The filter realization shown in Figure 3 constitutes a hybrid FIR/IIR filter — the feed 

forward portion (scaling the input by ffO and applying it to a summer 34 and delaying

15 the input, scaling it by ffl and applying it to the summer 34) constitutes an FIR filter

and the feedback portion (delaying the output, scaling it by fbl and applying it to the 

summer 34) constitutes an HR filter.

The frequency dependent characteristic of such an FIR/IIR filter is often referred to 

as a low-pass shelving characteristic. When the audio signal processing apparatus

20 outputs are for application to a pair of transducers spaced at about + 15 degrees, the

low-pass shelving characteristic has a first inflection point at about 2000 Hz and a 

second inflection point at about 4370 kHz. When the audio signal processing apparatus 

outputs are for application to a pair of transducers spaced at about + 20 degrees, the 

low-pass shelving characteristic has a first inflection point at about 1600 Hz and a

25 second inflection point at about 4150 kHz.

The sampling rate is not critical. A rate of 44.1 kHz is suitable for compatibility

with other digital audio sources and to provide sufficient frequency response for high 

fidelity reproduction. Other sampling rates may be used (such as, but not limited to 48 

kHz, 32 kHz, 22.05 kHz, and 11 kHz). When the filters 16 and 18 of Figure 1 are

30 realized by a filter such as shown in Figure 3 in which the inversion is handled by

choice of sign of the ffO and ffl terms, the subtraction (minus) signs on the summers 24 

and 26 (Figure 1) are replaced with addition (plus) signs.

Figure 4A is a functional block diagram showing a preferred environment in which
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the audio crosstalk-cancellation network of the present invention can be employed. Five 

digital audio input signals, left, center, right, left surround and right surround, such as 

from an Dolby Surround AC-3 decoder (not shown) are received. The inputs are 

applied, respectively, to optional DC blocking filters 40, 42, 44,46 and 48, each having

5 a high pass response (-3 dB at 20 Hz) (DC blocking filters may not be necessary,

depending on the signal source feeding them). Optional delays 50, 52 and 54 in the left, 

center and right input lines have time delays commensurate with the time delay, if any, 

in the crosstalk-cancellation network 56. Ordinarily, there will be no time delay in the 

network 56 and delays 50, 52 and 54 are omitted unless network 56 includes an

10 amplitude compressor/limiter of a certain type, as is described below. In this

environment, the inputs to the cancellation network 56 are the left surround and right 

surround inputs (in general, the inputs to network 56 are not limited to being surround 

inputs). A preferred embodiment of the cancellation network 56 for use in this 

environment is described in connection with the embodiment of Figure 5. A downmixer

15 and output compressor/limiter 58 receives the delayed left, center and right signals and

the processed surround signals to provide two output signals, left and right, suitable for 

reproduction by two computer multimedia loudspeakers. Further details of the 

downmixer and output compressor/limiter 58 are described in connection with Figure 6. 

The limiting function of block 58 assures that neither digital output signal exceeds an

20 amplitude of 1.

A decoded AC-3 digital bitstream contains five discrete full bandwidth channels and 

a subwoofer channel. It is desirable to preserve the discreteness of the channels in the 

two speaker presentation to the extent possible. Thus, only the Left and Right Surround 

channels are processed by a cancellation network (nevertheless, in the Figure 4B

25 alternative, described below, the center channel may also be applied to the network

inputs). The left and right front channels are added to the cancellation-network- 

processed left and right surround channels, respectively. The center channel and 

subwoofer channel (if used, not shown) are mixed in-phase into the Left and Right 

outputs without any additional processing.

30 The arrangement of Figure 4A may also be employed when there are four input

signals 0eft, center and right channels, a single surround channel and no separate 

subwoofer channel) such as is provided by a Dolby Surround or Dolby Surround Pro 

Logic decoder. In that case, the single surround channel should be decorrelated into two
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pseudo-stereophonic signals, which are in turn applied to the inputs of the canceller. A 

simple pseudo-stereo conversion may be used employing phase shifting such that one 

signal is out of phase with the other. Many pseudo-stereo conversion techniques are 

know in the art.

5 The arrangement of Figure 4A may also be employed when there are only two

stereophonic input signals. In that case, stereophonic pseudo-surround signals can be 

created by delaying each of the two stereophonic input signals by about 30 milliseconds. 

Similarly, even a single monophonic input signal may be used by deriving a pair of 

pseudo-stereophonic signals to provide the left and right inputs and by delaying each of

10 them to create a pair of pseudo-surround signals.

Figure 4B shows additional alternatives to the embodiment of Figure 4A. In Figure

4B, the left and right front channels are widened slightly by partial antiphase mixing in 

block 49. Although antiphase mixing to widen the apparent stereo "stage," is a well- 

known technique, it is an aspect of the present invention to realize such mixing by a

15 matrix calculation in the same manner that the crosstalk canceller is realized (as noted

above, acoustic cancellation and arbitrary source positioning are aspects of the same 

process). Thus, the antiphase mixing calculation realization of block 49 constitutes 

another Μ χ N port network represented by a matrix C, in which M and N = 2 and the 

audio crosstalk cancellation network embodiment of Figure 1/Figure 3 may be employed.

20 In this case, because the desired position change is slight (i.e., the spacing of the left and

right sources M with respect to typical computer monitor loudspeaker spacings is much 

closer than when the sources M are surround sources), the matrix operations are simpler 

than for the surround crosstalk canceller, requiring fewer processor resources.

As another option, the center channel may be cancelled in order to minimize the

25 coloration that results from having the center signal heard twice by each ear — once

from near speaker and again from far speaker. Rather than requiring a separate 

canceller realization, the center channel acoustic crossfeed signals can be cancelled by 

applying them to the surround channel crosstalk-cancellation network. Thus, the center 

channel signal is mixed into the left surround and right surround inputs to the crosstalk-

30 cancellation network 56 via additive summers 51 and 53, respectively.

Figure 5 is a functional block diagram showing the preferred embodiment of the

simple 2x2 port canceller of Figures 1 and 3 for use in the environment of Figure 4. 

Elements common to Figure 1 retain the same reference numerals. Figure 5 differs from
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the Figure 1/Figure 3 embodiment in that it includes a compressor to avoid clipping high 

level signals. The canceller should not generate numbers greater than 1.0, but is likely 

to do so at mid to low frequencies (below about 200 Hz) under certain signal conditions 

even when the input signals do not exceed 1.0 (this may occur when a signal is applied

5 only to one input or signals applied to both inputs are out of phase with each other).

Input high pass filters cannot be used to eliminate the problem-causing low frequencies 

because such filters, to be effective, cause phase shift disturbances which reduce the 

canceller’s effectiveness and introduce coloration. Thus, in accordance with another 

aspect of the invention, a low-processing power crosstalk canceller is provided which

10 includes a compressor, the compressor also requiring low processing power.

When the calculations are carried out on a fixed-point processor, the compressor

functions by providing a fixed attenuation at the crosstalk canceller’s input and a variable 

boost at the canceller’s output. The amount of the fixed attenuation is sufficient to 

assure that the output of the canceller does not exceed 1.0 under any signal conditions

15 (for example, if when a signal is applied to only one input, the canceller causes a 20 dB

boost in that signal, the fixed attenuation is 20 dB). The variable boost is scaled 

between a level which restores the input attenuation and an attenuated level which avoids 

clipping in the output signal.

The compressor may be input controlled (the input of the compressor) because,

20 ordinarily, an output controlled compressor must act instantaneously, thereby producing

audible artifacts. In an alternative embodiment, described below, an output controlled 

compressor avoids the production of such audible artifacts. The compressor may be 

realized with a finite compression ratio, or, with an infinite compression ratio, in which 

case it is a limiter.

25 The arrangement of fixed attenuation prior to the canceller followed by variable

restoration constitutes an aspect of the present invention. Although variable gain at the 

input of the canceller would assure against clipping at the canceller’s output, sensing for 

control of the variable gain would necessarily be located at the output of the canceller. 

However, such a configuration is not feasible because by the time clipping is sensed at

30 the output it is too late to reduce the input gain, particularly in view of the delay in the

canceller. Instead, the present invention places both the sensing and variable gain at the 

output of the canceller in combination with fixed attenuation before the canceller’s input. 

As described further below, delays in the canceller’s output signal paths allow a "look
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ahead" so that the sensing can syllabically control the compressor’s gain.

For surround inputs applied to a crosstalk canceller, as in the left half of figure 5,

the probability of overload, either within the canceller or in subsequent circuitry (either 

the DACs (digital-to-analog converters) or perhaps power amplifiers or loudspeakers),

5 varies with frequency. One way to prevent such overload is to precede the canceller

by "pre-emphasis" using a response which more or less follows the (input) overload 

level as a function of frequency. Hence if at frequency f the system would overload 

x dB below input full-scale, we introduce x dB of attenuation at frequency f. This 

(fixed) pre-emphasis is chosen to ensure that within the canceller no overload can occur.

10 In a practical ’realization of the embodiment of Figure 5, in which the crosstalk

canceller is run on inexpensive processing hardware (such as fixed point DSP chips 

supporting only 16-bit word lengths), both the fixed attenuation and variable boost have 

frequency dependent characteristics such that the attenuation and boost operate only at 

mid to low frequencies (below about 200 Hz, for example), thus keeping the loss in

15 signal-to-noise ratio low and limiting the loss to frequencies where it is less inaudible.

In the realization of Figure 5, the compressor functions by providing a fixed 

preemphasis at its input, which attenuates low frequencies sufficiently to avoid any 

clipping in the canceller, and a variable deemphasis at its output, which adjustably 

restores the low frequencies. The variable deemphasis is scaled between a level which

20 is complementary to the input preemphasis and an attenuated level which avoids clipping

in the output signal. Because of the use of preemphasis and variable deemphasis, the 

effect on signal-to-noise ratio is inaudible even if the crosstalk processor is noisy at low 

signal levels (as it may be when an inexpensive processor is employed, such as DSP 

chips supporting only 16-bit word lengths).

25 While one could restore the overall frequency response and signal level by

introducing after the canceller the exact complementary deemphasis, for example, a 

boost of 20 dB at DC falling on a shelf to 6.7 dB at pi/2, this would of course have no 

effect on overload within the canceller itself, but might lead to overload downstream. 

One preferred approach to protect against such overload, shown in the Figure 5

30 realization, models the restored response (offset downwards in level to avoid overload)

in the two crosstalk canceller outputs, measures the greater of the modelled outputs, 

estimates whether it indicates that one or other or both of the main outputs would 

overload, and if clipping is predicted, applies gain reduction immediately prior to the
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deemphasis. This constitutes a "wideband" compressor/limiter, in that the applied gain 

change is the same at all frequencies; it does not allow either output to exceed full-scale 

(or some other desired threshold), irrespective of the frequency content of the signal.

In the realization of Figure 5, the preemphasis is provided by identical filters 60 and

5 62. Although the filter characteristics are not critical, each filter may be realized as a

first order filter having a shelving response such that its response is -20 dB at DC and -

6.7 dB at π/2 (the Nyquist frequency). The variable deemphasis may be realized by 

identical scaled filters 64 and 66, each of which, in shape, has a response which is the 

inverse of that of filters 60 and 62. Filters 64 and 66 each receives the same scaler in

10 order to scale the respective response up and down by 20 dB (the response shape

remaining unaltered). The scale factors are generated by filters 68 and 70 and a scaler 

calculation 72. Delays 74 and 76 delay the outputs of the canceller in order to allow the 

allow the canceller output sensing to look ahead and syllabically control filters 64 and 

66. The time delays of delays 74 and 76 are commensurate with the time delay between

15 the respective inputs to delays 74 and 76 and the scaler outputs of the scaler calculation

72. Delays 74 and 76 may be realized as ring buffers.

Filters 64 and 66 are first order filters, each having a shelving response (a low pass 

shelf — with increasing frequency, the slope starts at unity, increases to a maximum at - 

6 dB/octave, and then decreases back to unity) varying between -1-20 dB and 0 dB at DC

20 and between +6.7 dB and -13.3 dB at π/2, depending on the scaler. Filters 68 and 70

are also low-pass shelving filters, being, however, fixed and having a response of -13.3 

dB at π/2 and 0 dB at DC. The scaler calculation first operates on blocks of samples 

(8-sample blocks in the practical embodiment) to calculate the maximum absolute value 

in the respective blocks of samples in the left and right canceller outputs (that is, the

25 block with the largest maximum value of the filter 68 and 70 outputs is selected and the

maximum value in that block determines the scaler value). A scale factor is then 

calculated which sets the level of filters 64 and 66 so that the output does not exceed 

1.0. The scale factors are interpolated between the current and previous block so that 

the compressor acts syllabically and does not generate undesirable artifacts.

30 If the fixed-point processor on which the crosstalk canceller is running has enough

bits (say, 20 bits) so as not to add audible noise at low signal levels, a wideband 

(frequency-independent) compression scheme may be employed instead of a frequency 

dependent one. In that case, the inputs may each be subject to a wideband (frequency-



WO 98/42162 PCT/US98/03882
-19-

independent) attenuation (10 dB, for example) and the output of the canceller applied to 

a controllable wideband (frequency-independent) amplifier with gain up to 10 dB, the 

gain being reduced as necessary to prevent the digital output from clipping. Thus filters 

60, 62, 68 and 70 become a fixed attenuation at all frequencies of concern, while filters

5 64 and 66 would lose their frequency dependence and become wideband (frequency-

independent) amplifiers at such frequencies.

If the processor on which the crosstalk canceller is running is a floating point 

processor, the calculation can be done in floating point without input attenuation, 

allowing intermediate signal levels greater than 1.0 and precluding the need for any

10 compressor action until the output of the crosstalk canceller, thus eliminating the input

filters or attenuators and saving processor resources.

Several alternatives to the frequency dependent realization described are possible. 

In a first alternative, the prediction of clipping may be used to modify the shape of the 

applied deemphasis rather than to cause an overall gain shift. One way to implement

15 such a deemphasis-shape-modifying approach is to provide initially a wideband gain

reduction as the control signal (indicating the likelihood of overload) increases until there 

is unity gain at high frequencies followed by (as the control signal continues to increase) 

a progressively increasing low frequency loss while leaving the high frequency gain at 

unity. Such an approach would not lead to as much "pumping" of middle and high

20 frequency sound components in the presence of dominant low frequency signals. It is

noted that one control signal, indicating, for example, by how much the output would 

be overloaded unless something is done, provides no information as to where in the 

spectrum the overload-causing signal or signals lie. Nevertheless, for dominant high 

frequencies (for the sake of example, near pi/2, a highly improbable condition) a gain

25 reduction of more than a certain amount, say 6.7 dB, is never required (i.e., the removal

of the 6.7 dB boost of the quiescent de-emphasis, giving therefore unity gain). For 

dominant low frequencies, a reduction of as much as a certain amount, say 20 dB, (again 

to unity gain at low frequencies), but at those moments there would be no need to reduce 

the gain at high frequencies by any amount nearly as much as 20 dB.

30 Other forms of deemphasis shape adaptation are possible. The benefits of such

adaptation are analogous to the benefit offered by bandsplitting in audio signal 

compressors, namely a reduction in cross-modulation of signals in one part of the 

spectrum by signals on other parts.
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In a further alternative, modelling may be improved to simulate the effect of variable 

de-emphasis by making blocks 68/70 variable, also. In that case, the compressor/limiter 

becomes an output controlled compressor/limiter whose control signal is used to operate 

on the main signals after delays 74/76. The fact that such fast output control causes

5 transient distortion is of no consequence because the outputs of filters 68/70 are not

heard. The result is to provide a smoothed control signal for the signal affecting 

deemphasis provided by blocks 64/66.

Figure 6 is a functional block diagram showing a realization of the downmixer and 

output compressor/limiter 58. It should be noted that the output compressor/limiter

10 forming part of block 58 provides limiting in addition to the limiting provided in the

Figure 5 embodiment of the crosstalk canceller. As front signals are added to surround 

signals, as in Figure 6, the peak level is likely to increase, giving rise to the need for 

an output compressor/limiter.

Referring to the details of Figure 6, the inputs (left, center, right, left surround and

15 right surround) are the outputs of blocks 50, 52, 54, and 56 in the Figure 4A

embodiment (or, alternatively, the outputs of blocks 50, 54 and 56 in the Figure 4B 

embodiment). Delays 80, 82, 84, 86 and 88 are optional. The use of delays would 

allow for the smoothing of samples that precede clipping by a scaler calculation, 

described below. The signal downmixer 90 of the downmixer and output compres-

20 sor/limiter 58 sums the left, center and left surround inputs to produce the Left Out

output and it sums the right, center and right surround inputs to produce the Right Out 

output. The amplitude level of the Left Out and Right Out output signals are varied in 

accordance with a scaler coefficient generated by a scaler calculation function 92. The 

inputs to the scaler calculation function are the left and right outputs of a control path

25 (modelling) downmixer 94.

The control path downmixer provides the same downmixing function as the signal 

downmixer, mixing the 5.1 (only 5 shown) inputs to 2 outputs. However, the control 

path downmixer includes attenuation to assure no signal clipping under any input signal 

conditions. The exact amount of attenuation is not critical. If Left Out = Left + Left

30 Surround (from the crosstalk-canceller) + .707 Center + .707 Subwoofer, the maximum

output could be 3.414 (same for Right Out), so attenuation of at least the inverse of 

3.414 is adequate. Since the compressor/limiter only works at high signal levels and the 

controller is not in the signal path, high signal-to-noise ratio is not required, so
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attenuation by 4 or 5 would be adequate. Once downmixed to Left and Right, the scaler 
calculation uses the larger of the Left and Right inputs to generate a scaler coefficient of 
1.0 or less to limit the gain uniformly in the signal path downmixer 90.

It should be understood that implementation of other variations and modifications of the
5 invention and its various aspects will be apparent to those skilled in the art, and that the 

invention is not limited by these specific embodiments described. It is therefore 
contemplated to cover by the present invention any and all modifications, variations, or 
equivalents that fall within the true spirit and scope of the basic underlying principles 
disclosed and claimed herein.

io Throughout the specification and claims the word “comprise” and its derivatives is 
intended to have an inclusive rather than exclusive meaning unless the context requires 
otherwise.
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CLAIMS

1. A method of deriving a cancellation matrix C of dimension Μ x N in which each 

of the matrix elements is a frequency-domain transfer function, the matrix C representing

5 an M x N port audio crosstalk-cancelling network for mapping M audio source channels,

each having an associated source direction, to N audio presentation channels, each 

having a position relative to the source directions, such that each output N is either the 

linear combination of separately-filtered versions of the M inputs, the linear combination 

of separately-filtered versions of the M inputs and separately-filtered feedback signals

10 from the N outputs, or separately-filtered feedback signals from the N outputs added

to the M inputs, comprising

establishing a room matrix R of dimension N x P in which each of the matrix 

elements is a frequency-domain transfer function, the matrix R representing an N x P 

port network for mapping N presentation channel positions to P listening positions,

15 wherein said frequency-domain transfer functions represent the time delay and a

smoothed version of the frequency dependent attenuation along a direct acoustic path 

from each one of said presentation channel positions to each one of said listening 

positions, and

setting the crosstalk-cancelling matrix C equal to the inverse of the room matrix R.

2. A method according to claim 1 wherein said smoothed version of the frequency 

dependent attenuation is a smoothed average of said acoustic path attenuation throughout 

at least a substantial portion of the audio sound spectrum intended to be reproduced by 

said presentation channels.

3. An M x N port audio crosstalk-cancelling network for mapping M audio source 

channels, each having an associated source direction, to N audio presentation channels, 

each having a position relative to the source directions, such that each output N is either 

(1) the linear combination of separately-filtered versions of the M inputs, (2) the linear

5 combination of separately-filtered versions of the M inputs and separately-filtered

feedback signals from the N outputs, or (3) separately-filtered feedback signals from the 

N outputs added to the M inputs, the cross-talk cancelling network produced by the steps 

of
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establishing a room matrix R of dimension N x P in which each of the matrix 

10 elements is a frequency-domain transfer function, the matrix R representing an N x P

port network for mapping N presentation channel positions to P listening positions, 

wherein said frequency-domain transfer functions represent the time delay and a 

smoothed version of the frequency dependent attenuation along a direct acoustic path 

from each one of said presentation channel positions to each one of said listening

15 positions,

deriving the inverse of the room matrix R to produce a crosstalk-cancelling matrix 

C of dimension Μ x N in which each of the matrix elements is a frequency-domain 

transfer function, the matrix C representing said Μ x N port audio crosstalk-cancelling 

network, and

20 implementing the smoothed version of the frequency dependent attenuation by one

or more simple digital filters requiring low processing power.

4. A network according to claim 3 wherein said digital filters are of the IIR type or 

IIR/FIR type.

5. A network according to claim 3 wherein said simple digital filters are first-order 

filters.

6. A network according to claim 4 wherein said simple digital filters are first-order 

filters.

7. A network according to claim 3 wherein said smoothed version of the frequency 

dependent attenuation is a smoothed average of said acoustic path attenuation throughout 

at least a substantial portion of the audio sound spectrum intended to be reproduced by 

said presentation channels.

8. A network according to claim 4 wherein said smoothed version of the frequency 

dependent attenuation is a smoothed average of said acoustic path attenuation throughout 

at least a substantial portion of the audio sound spectrum intended to be reproduced by 

said presentation channels.
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9. A network according to claim 5 wherein said smoothed version of the frequency 

dependent attenuation is a smoothed average of said acoustic path attenuation throughout 

at least a substantial portion of the audio sound spectrum intended to be reproduced by 

said presentation channels.

10. A network according to claim 3 further comprising implementing said time delay 

by a digital ring buffer.

11. A network according to claim 4 further comprising implementing said time delay 

by a digital ring buffer.

12. A network according to claim 5 further comprising implementing said time delay 

by a digital ring buffer.

13. A network according to claim 3 further comprising an amplitude compressor, 

said compressor comprising

fixed amplitude level attenuators in each of the network’s inputs, and

variable amplitude level boosters in each of the network’s outputs, the boosters each

including a scaler for scaling the boost between a level which restores the input 

attenuation and an attenuated level which avoids clipping in the output signal.

14. A network according to claim 4 further comprising an amplitude compressor, 

said compressor comprising

fixed amplitude level attenuators in each of the network’s inputs, and

variable amplitude level boosters in each of the network’s outputs, the boosters each

including a scaler for scaling the boost between a level which restores the input 

attenuation and an attenuated level which avoids clipping in the output signal.

15. A network according to claim 5 further comprising an amplitude compressor, 

said compressor comprising
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fixed amplitude level attenuators in each of the network’s inputs, and

variable amplitude level boosters in each of the network’s outputs, the boosters each

including a scaler for scaling the boost between a level which restores the input 

attenuation and an attenuated level which avoids clipping in the output signal.

16. A network according to any one of claims 13, 14 or 15 wherein control for the 

compressor is obtained from the compressor input.

17. A network according to any one of claims 13, 14 or 15 wherein said compressor 

has an infinite compression ratio, whereby the compressor constitutes a limiter.

18. A network according to claim 16 said compressor further includes a delay in 

each of the network’s outputs and wherein the control for the compressor looks ahead 

in order to syllabically control the compressor’s gain.

19. A network according to claim 16 wherein said fixed amplitude level attenuators 

and variable amplitude level boosters have frequency dependent characteristics.

20. A network according to claim 19 wherein the frequency dependent characteris

tics of said fixed amplitude level attenuators and variable amplitude level boosters 

operate only at mid to low frequencies.

21. A network according to claim 16 wherein said fixed amplitude level attenuators 

and variable amplitude level boosters have frequency-independent characteristics.

22. A network according to any one of claims 3, 4, 5, 7 or 13 wherein said audio 

crosstalk-cancelling network is a 2 x 2 port network for mapping two audio source 

channels M to two audio presentation channels N applied to a pair of transducers having 

positions relative to the directions of the audio source channels M, the listener having

5 two listening positions P, the listener’s left ear and the listener’s right ear, relative to the

transducers, wherein the network further comprises

two signal combiners, a first signal combiner and a second signal combiner, each 

signal combiner having at least two inputs and an output, wherein
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one of said N inputs is coupled to an input of said first signal combiner and 

another of said N inputs is coupled to an input of said second signal combiner, 

and

one of said N outputs is coupled to the output of said first signal combiner 

and another of said outputs is coupled to the output of said second signal 

combiner, and

two signal feedback paths, a first signal feedback path and a second signal feedback 

path, each feedback path having a time delay and frequency dependent characteristic, and 

each feedback path having an input and an output, wherein

the input of said first signal feedback path is coupled to the output of said 

first signal combiner and the output of said first signal feedback path is coupled 

to the other input of said second signal combiner,

the input of said second signal feedback path is coupled to the output of said 

second signal combiner and the output of said second signal feedback path is 

coupled to the other input of said first signal combiner,

each of said feedback paths has a time delay representing the additional time 

for sound to propagate along the acoustic path between a transducer and the 

listener’s ear farthest from said transducer with respect to the time for sound to 

propagate along the acoustic path between the same transducer and the listener’s 

ear closest to said same transducer, and

each of said feedback paths has a frequency dependent characteristic 

representing the difference in the attenuation in the acoustic path between a 

transducer and the listener’s ear farthest from said transducer and the attenuation 

in the acoustic path between the same transducer and the listener’s ear closest to 

said same transducer, and

said signal combiners, signal feedback paths, and couplings therebetween having 

polarity characteristics such that signals processed by a feedback path are subtractively 

combined with signals coupled to the other input of the respective signal combiner.

23. A network according to claim 22 wherein said presentation channels are applied 

to a pair of transducers, arranged generally in front of and at substantially right-and-left 

symmetrical positions with respect to a listener.
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24. The network of claim 23 wherein the frequency dependent characteristic is a low- 
pass shelving characteristic.

25. The network of claim 24 wherein the low-pass shelving characteristic is a first- 
order low-pass shelving characteristic.

5 26. The network of claim 25 wherein the first-order low-pass shelving characteristic is 
implemented by an HR or a combination FIR/IIR filter.

27. The network of claim 25 wherein the low-pass shelving characteristic has a first 
inflection point at about 2000 Hz and a second inflection point at about 4370 kHz 
when the audio signal processing apparatus outputs are for application to a pair of

io transducers spaced at about 15 degrees.

28. The network of claim 25 wherein the low-pass shelving characteristic has a first 
inflection point at about 1600 Hz and a second inflection point at about 4150 kHz 
when the network’s outputs are for application to a pair of transducers spaced at 
about 20 degrees.

15 29. The network of claim 23 wherein the attenuation is the acoustic path between a 
transducer and the listener’s ear farthest from the transducer is determined by 
taking the difference between the head related transfer response from a transducer 
and the listener’s ear farthest from the transducer and the head related transfer 
response from the other transducer to the listener’s ear closest to the other

20 transducer and smoothing the difference.

30. A method of deriving a cancellation matrix C of dimension Μ x N substantially as 
herein described with reference to Figure 4a and Figures 1, 2, 3, 5 and 6 or Figure 
4b and Figures 1, 2, 3, 5 and 6.

31. An M x N port audio crosstalk-cancelling network for mapping M audio source
25 channels substantially as herein described with reference to Figure 4a and Figures

1, 2, 3, 5 and 6 or Figure 4b and Figures 1,2, 3, 5 and 6.

Dated this 6th day of March, 2002

DOLBY LABORATORIES LICENSING CORPORATION

By its Attorneys 

Chrysiliou Law
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