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The filtering can occur via convolution in the frequency domain and the audio signals are

preferably first transformed into the frequency domain. The series of input audio signals can include a left front
35  channel signal, a right front channe signal, a front centre channel signal, a left back channel signal and a right
back channel signal. The audio output signals can comprise left and right headphone output signals.

The present invention can be implemented in a number of different ways. For example, utilising
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Description of Preferred and Other Embodlments
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35  which only the lower half of the frequency components are present, and the last 4 blocks of each tail filter are
implemented utilising coefficient blocks in which only lower quarter of the frequency components are present.

The preferred embodiment can be extended to the situation where higher frequency audio inputs
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20  detected, that is, the audio stream is interrupted by the mechanism of the unit being bumped off track, the unit can

reread data from the CD while playing data from the RAM. This skip protection is often implemented as a
dedicated DSP, either with RAM on-chip or off-chip.
This embodiment is implemented such that it can be used as a replacement for the skip
) - protection processor with a minimum of change to existing designs. This implementation can most probably be

25 implemented as a full-custom integrated circuit, fulfilling the function of both existing skip protection processors
and implementation of the out of head processing. A part of the RAM already included for skip protection could
be used to run the out of head algorithm for HRTF-type processing. Many of the building blocks of a skip
protection processor would also be useful in for the processing described for this invention. An example of such
an arrangement is llustrated in Fig. 12.

30 In this example embodiment, the custom DSP 200 is provided as a replacement for the skip
protection DSP inside a CD or DVD player 202. The custom DSP 200 takes the input data from the disc and
outputs stereo signals to a digital analogue converter 201 which provides analogue outputs which are amplified
204, 205 for providing left and right speaker outputs. The custom DSP can include onboard RAM 206 or
alternatively external RAM 207 in accordance with requirements. A binauralizer switch 28 can be provided for

35  turning on and off the binauralizer effect.

In a second embodiment illustrated in Fig. 13 the processing is incorporated into a digital audio

device 210 (such as a CD, MiniDisc, DVD or DAT player) as a replacement for the DAC. In this implementation
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circuit incorporating ADC, DSP, DAC and possibly a headphone amplifier as well as any analog processing
circuitry required.

35 The embodiment may incorporate a distance or “zoom™ control which allows the listener to vary
the perceived distance or environment of the sound source.

In a preferred embodiment this controf is implemented as a slider control. When this control is at its minimum the
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A method as claimed in claim 4 wherein said impulse response functions are simplified

in the frequency domain by zeroing higher frequency coefficients and eliminating multiplication steps where said
zeroed higher frequency coefficients are utilized.
6. A method as claimed in any previous claim wherein said convolutions are carried out

utilizing a low latency convolution process.

35 7. A method as claimed in claim 6 wherein said low latency convolution process includes
the steps of:

transforming first predetermined overlapping block sized portions of said input audio signals
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8. A method of processing a series of input audio signals representing a series of virtual
audio sound sources placed at predetermined positions around a listener to produce a reduced set of audio output
15 signals for playback over speaker devices placed around a listener, the method comprising the steps of:
(a) forming a series of impulse response functions mapping substantially a corresponding virtual
audio source to 2 corresponding speaker device;
(b) dividing said impulse response functions into a number of segments;
(¢) for a predetermined number of said segments, reducing the impulse response values at the
20  ends of said segment to produce modified impuise responses;
(d) for each of said input audio signals and
for each of said audio output signals:
(i) convolving said input audio signals with portions of a corresponding modified
impulse response mapping substantially a corresponding virtual audio source to a corresponding speaker device;.
25 9. A method for providing for the simultaneous convolution of multiple audio signals
representing audio signals from different first sound sources, so as to simulate an audio environment for projection
from a second series of output sound sources comprising the steps of:
(a) independently filtering each of said multiple audio signals with a first initial portion ofan
impulse response function substantially mapping the first sound sources when placed in said audio environment;
30 and
(b) providing for the combined reverberant tail filtering of said multiple audio signals with a
reverberant tail filter formed from subsequent portions of said impulse response functions.
10. A method as claimed in claim 9 wherein said multiple audio signals provide for a
combined surround sound signal for surrounding an intended listener.
35 11, A method as claimed in claim 10 wherein said filtering occurs via convelution in the

frequency domain and said audio signals are first transformed into said frequency domain.

12, A method as claimed in claim ] to 8 wherein said series of input audio signals inciude a
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utifising a dedicated integrated circuit comprising 2 modified form of a digital to analog converter.
16. A method as claimed in any previous claim 1 to 13 wherein said method is performed
10  utilising a dedicated or programmable Digital Signal Processor.
17, A method as claimed in any previous claim to 13 wherein said method is performed on g
analog inputs by a DSP processor interconnected between an Analog to Digital Converter and a Digital to Analog
Converter.
18. A method as claimed in any previous claim | to 13 wherein said method is performed
15 on stereo output signals on a separately détachable external device connected intermediate of a sound output
signal generator and a pair of headphones, said sound output signals being output in a digital form for pracessing
by said external device.
19. A method as claimed in any previous claim further comprising utilizing a variable
control to alter the impulse response functions in a predetermined manner.
20 20. An apparatus when implementing the method of any of claims 1 to 19.
21. A method as claimed in claim 1 wherein said single convolution tail is formed by
selecting one impulse response from the set of tails of said corresponding impulse responses.
22, A method of processing an input audio signal representing a virtual audio sound source
) placed at a predetermined position around a listener to produce a reduced set of audio output signals for playback
25 over speaker devices placed around a listener, the method comprising the steps of, for each said speaker device:
(a) converting the input audio signal to a lower sample rate, by a low-pass filtering and
decimation process, to produce a decimated input signal;
(b) applying a filtering process to said decimated input signal, to produce a decimated filtered
signal,
30 (c) converting said decimated filtered signal to the original higher sample rate, by an
interpolation and low-pass filtering process, to produce a high sample-rate filtered signal;
(d) applying a sparse filtering process to said input audio signal, to produce a sparsely filtered

audio signal;

(¢) summing together said high sample-rate filtered signal and said sparsely filtered audio signal
35  to produce an audio output signal;

(f) outputting said audio output signal to said speaker device.

23, The method of claim 22 wherein said sparse filtering process consists of a single delay
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at corresponding positions relative to a hstener to generate one or more output signals for presentation fo convey

spatial impressions of the corresponding positions to the listener, wherein for a respective output signal, the
method comprises:
generating a plurality of first filtered signals by applying frequency-domain representations of
10  respective first filters to frequency-domain representations of respective input audio signals;
generating a second filtered signal by applying a frequency domain representation of a second
filter to a mix of the frequency-domain representations of the input audio signals, wherein one or more high-
frequency coefficients of the frequency-domain representation of the second filter and of the mix of frequency-
domain representations of the input audio signals are excluded from the applying; and
15 generating the respective output signal by combining the first filtered signals and the second
filtered signal.
26. A method according to claim 25, wherein one or more high-frequency coefficients of the
frequency-domain representations of respective first filters and of the frequency-domain representations of
! respective input audio signals are excluded from the applying.
20 27. A method according to claim 25 or 26, wherein the first filters correspond to head portions
of respective impulse responses that convey spatial impressions of the corresponding positions to the listener and

the second filter corresponds to a combination of tail portions of the respective impulse responses.

AMENDED SHEET (ARTICLE 19)



