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Description
BACKGROUND OF THE INVENTION
5

1. Field of the Invention

10

[0001] The invention relates to methods (sometimes referred to as headphone virtualization methods) and systems
for generating a binaural audio signal in response to a multi-channel audio input signal, by applying a binaural room
impulse response (BRIR) to each channel of a set of channels (e.g., to all channels) of the input signal, and to methods
and systems for designing BRIRs for use in such methods and systems.
2. Background of the Invention
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[0002] Headphone virtualization (or binaural rendering) is a technology that aims to deliver a surround sound experience
or immersive sound field using standard stereo headphones.
[0003] A method for generating a binaural signal in response to a multi-channel audio input signal (or in response to
a set of channels of such a signal) is sometimes referred to herein as a "headphone virtualization" method, and a system
configured to perform such a method is sometimes referred to herein as a "headphone virtualizer" (or "headphone
virtualization system" or "binaural virtualizer").
[0004] Recently, the number of people enjoying music, movies, and games using headphones has grown dramatically.
Portable devices offer a convenient and popular alternative to experiencing entertainment in cinema and home theaters,
and headphones (including earbuds) are the primary listening means. Unfortunately, traditional headphone listening
typically provides only a limited audio experience relative to that provided by other traditional presentation systems. The
limitations can be attributed to significant acoustic path differences between naturally occurring soundfields and those
produced by headphones. Audio content in the form of either original stereo material or multi-channel audio downmixes
are perceived as significantly ellipsoidal in nature when presented in a traditional manner over headphones (the emitted
sound is perceived as emitting from locations "in-the-head" and to the immediate left and right side of the ears). Most
listeners have little if any sensation of front-back depth, let alone elevation. On the other hand, listening to a traditional
presentation over loudspeakers is perceived in nearly all cases as "out-of-head" (well-externalized).
[0005] A primary goal of headphone virtualizers is to create a sense of natural space to stereo and multi-channel audio
programs delivered by headphones. Ideally, soundfields produced over headphones are sufficiently realistic and convincing that headphone users will lose awareness that they are wearing headphones at all. The sense of space can be
created by convolving appropriately-designed binaural room impulse responses (BRIRs) with each audio channel or
object in the program. The processing can be applied either by the content creator or by a consumer playback device.
The BRIR typically represents the impulse response of the electro-acoustic system from loudspeakers, in a given room,
to the entrance of the ear canal. MENZER FRITZ et al: "Investigations on Modeling BRIR tails with Filtered and CoherenceMatched Noise" AES CONVENTION 127; October 2009, New York, discloses for example a listening test where audio
signals convolved with a measured BRIR and generated BRIRs are compared. US5742689A discloses another prior
art method for processing a multichannel signal for use with a headphone.
[0006] Early headphone virtualizers applied a head-related transfer function (HRTF) to convey spatial information in
binaural rendering. An HRTF is a direction- and distance-dependent filter pair that characterizes how sound transmits
from a specific point in space (sound source location) to both ears of a listener in an anechoic environment. Essential
spatial cues such as the interaural time difference (ITD), interaural level difference (ILD), head shadowing effect, and
spectral peaks and notches due to shoulder and pinna reflections, can be perceived in the rendered HRTF-filtered
binaural content. Due to the constraint of human head size, the HRTFs do not provide sufficient or robust cues regarding
source distance beyond roughly one meter. As a result, virtualizers based solely on HRTFs usually do not achieve good
externalization or perceived distance.
[0007] Most of the acoustic events in our daily life happen in reverberant environments where, in addition to the direct
path (from source to ear) modeled by HRTFs, audio signals also reach a listener’s ears through various reflection paths.
Reflections introduce profound impact to auditory perception, such as distance, room size, and other attributes of the
space. To convey this information in binaural rendering, a virtualizer needs to apply the room reverberation in addition
to the cues in the direct path HRTF. A binaural room impulse response (BRIR) characterizes the transformation of audio
signals from a specific point in space to the listener’s ears in a specific acoustic environment. In theory, BRIRs derived
from room response measurements include all acoustic cues regarding spatial perception.
[0008] Fig. 1 is block diagram of a system (20) including a headphone virtualization system of a type configured to
apply a binaural room impulse response (BRIR) to each full frequency range channel (X1, ..., XN) of a multi-channel
audio input signal. The headphone virtualization system (sometimes referred to as a virtualizer) can be configured to
apply a conventionally determined binaural room impulse response, BRIRi, to each channel Xi.
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[0009] Each of channels X1, ..., XN, (which may be stationary speaker channels or moving object channels) corresponds
to a specific source direction (azimuth and elevation) and distance relative to an assumed listener (i.e., the direction of
a direct path from an assumed position of a corresponding speaker to the assumed listener position and the distance
along the direct path between the assumed listener and speaker positions), and each such channel is convolved by the
BRIR for the corresponding source direction and distance. Thus, subsystem 2 is configured to convolve channel X1 with
BRIR 1 (the BRIR for the corresponding source direction and distance), subsystem 4 is configured to convolve channel
XN with BRIRN (the BRIR for the corresponding source direction), and so on. The output of each BRIR subsystem (each
of subsystems 2, ..., 4) is a time-domain binaural audio signal including a left channel and a right channel.
[0010] The multi-channel audio input signal may also include a low frequency effects (LFE) or subwoofer channel,
identified in Fig. 1 as the "LFE" channel. In a conventional manner, the LFE channel is not convolved with a BRIR, but
is instead attenuated in gain stage 5 of Fig. 1 (e.g., by -3dB or more) and the output of gain stage 5 is mixed equally (by
elements 6 and 8) into each of channel of the virtualizer’s binaural output signal. An additional delay stage may be
needed in the LFE path in order to time-align the output of stage 5 with the outputs of the BRIR subsystems (2, ..., 4).
Alternatively, the LFE channel may simply be ignored (i.e., not asserted to or processed by the virtualizer). Many consumer
headphones are not capable of accurately reproducing an LFE channel.
[0011] The left channel outputs of the BRIR subsystems are mixed (with the output of stage 5) in addition element 6,
and the right channel outputs of the BRIR subsystems are mixed (with the output of stage 5) in addition element 8. The
output of element 6 is the left channel, L, of the binaural audio signal output from the virtualizer, and the output of element
8 is the right channel, R, of the binaural audio signal output from the virtualizer.
[0012] System 20 may be a decoder which is coupled to receive an encoded audio program, and which includes a
subsystem (not shown in Fig. 1) coupled and configured to decode the program including by recovering the N full
frequency range channels (X1, ..., XN) and the LFE channel therefrom and to provide them to elements 2, ..., 4, and 5
of the virtualizer (which comprises elements, 2,..., 4, 5, 6, and 8, coupled as shown). The decoder may include additional
subsystems, some of which perform functions not related to the virtualization function performed by the virtualization
system, and some of which may perform functions related to the virtualization function. For example, the latter functions
may include extraction of metadata from the encoded program, and provision of the metadata to a virtualization control
subsystem which employs the metadata to control elements of the virtualizer system.
[0013] In some conventional virtualizers, the input signal undergoes time domain-to-frequency domain transformation
into the QMF (quadrature mirror filter) domain, to generate channels of QMF domain frequency components. These
frequency components undergo filtering (e.g., in QMF-domain implementations of subsystems 2, ..., 4 of Fig. 1) in the
QMF domain and the resulting frequency components are typically then transformed back into the time domain (e.g., in
a final stage of each of subsystems 2, ..., 4 of Fig. 1) so that the virtualizer’s audio output is a time-domain signal (e.g.,
time-domain binaural audio signal).
[0014] In general, each full frequency range channel of a multi-channel audio signal input to a headphone virtualizer
is assumed to be indicative of audio content emitted from a sound source at a known location relative to the listener’s
ears. The headphone virtualizer is configured to apply a binaural room impulse response (BRIR) to each such channel
of the input signal.
[0015] The BRIR can be separated into three overlapping regions. The first region, which the inventors refer to as the
direct response, represents the impulse response form a point in anechoic space to the entrance of the ear canal. This
response, typically of 5 ms duration or less, is more commonly referred to as the Head-Related Transfer Function (HRTF).
The second region, referred to as early reflections, contains sound reflections from objects that are closest to the sound
source and the listener (e.g. floor, room walls, furniture). The last region, called the late response, is comprised of a
mixture of higher-order reflections with different intensities and from a variety of directions. This region is often described
by stochastic parameters such as the peak density, modal density, and energy-decay time (T60) due to its complex
structures.
[0016] Early reflections are usually primary or secondary reflections and have relatively sparse temporal distribution.
The micro structure (e.g., ITD and ILD) of each primary or secondary reflection is important. For later reflections (sound
reflected from more than two surfaces before being incident at the listener), the echo density increases with increasing
number of reflections, and the micro attributes of individual reflections become hard to observe. For increasingly later
reflections, the macro structure (e.g., the reverberation decay rate, interaural coherence, and spectral distribution of the
overall reverberation) becomes more important.
[0017] The human auditory system has evolved to respond to perceptual cues conveyed in all three regions. The first
region (direct response) mostly determines the perceived direction of a sound source. This phenomenon is referred to
as the law of the first wavefront. The second region (early reflections) has a modest effect on the perceived direction of
a source, but a stronger influence on the perceived timbre and distance of the source. The third region (late response)
influences the perceived environment in which the source is located. For this reason, careful study is required of the
effects of all three regions on BRIR performance to achieve an optimal virtualizer design.
[0018] One approach to BRIR design is to derive all or part of each BRIR to be applied by a virtualizer from either
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physical room and head measurements or room and head model simulations. Typically a room or room model having
very desirable acoustical properties is selected, with the aim that the headphone virtualizer replicate the compelling
listening experience of the actual room. Under the assumption that the room model accurately embodies acoustical
characteristics of the selected listening room, this approach produces virtualizer BRIRs that inherently apply the auditory
cues essential to spatial audio perception. Such cues that are well-known in the art include interaural time difference,
interaural level difference, interaural coherence, reverberation time (T60 as a function of frequency), direct-to-reverberant
ratio, specific spectral peaks and notches and echo density. Under ideal BRIR measurement and headphone listening
conditions, binaural renderings of multi-channel audio files based on physical room BRIRs can sound virtually indistinguishable from loudspeaker presentation in the same room.
[0019] However, a drawback of conventional methods for BRIR design is that binaural renders produced using conventionally designed BRIRs (which have been designed to match actual room BRIRs) can sound colored, muddy, and
not well-externalized when auditioned in inconsistent listening environments (environments that are inconsistent with
the measurement room). The root causes of this phenomenon are still an ongoing area of research and involve both
aural and visual sensory input. However, what is evident is that BRIRs designed to match physical room BRIRs can
modify the signal to be rendered in both desirable and undesirable ways. Even top-quality listening rooms impart spectral
coloration and time-smearing to the rendered output signal. As one example, acoustic reflections from some listening
rooms are lowpass in nature. This leads to low-frequency spectral notches in the rendered output signal (spectral
combing). Although low-frequency spectral notches are known to aid humans in sound source localization, in headphone
listening scenarios they are generally undesirable due to added spectral coloration. In an actual listening scenario using
loudspeakers positioned away from the listener, the human auditory/cognition system is able to adapt to its environment
so that these impairments can go unnoticed. However, when a listener receives the same acoustic signals presented
over headphones in an inconsistent listening environment, such impairments become more apparent and reduce naturalness relative to a conventional stereo program.
[0020] Other considerations in BRIR design include any applicable constraints on BRIR size and length. The effective
length of a typical BRIR extends to hundreds of milliseconds or longer in most acoustic environments. Direct application
of BRIRs may require convolution with a filter of thousands of taps, which is computationally expensive. Without parameterization, a large memory space may be needed to store BRIRs for different source positions in order to achieve
sufficient spatial resolution.
[0021] A filter having the well-known filter structure known as a feedback delay network (FDN) can be used to implement
a spatial reverberator which is configured to apply simulated reverberation (i.e., a late response portion of a BRIR) to
each channel of a multi-channel audio input signal, or to apply an entire (early and late portion of a) BRIR to each such
channel. The structure of an FDN is simple. It comprises several branches (sometimes referred to as reverb tanks).
Each reverb tank (e.g., the reverb tank comprising gain element g1 and delay line z-n1 , in the FDN of Fig. 3) has a delay
and gain. In a typical implementation of an FDN, the outputs from all the reverb tanks are mixed by a unitary feedback
matrix and the outputs of the matrix are fed back to and summed with the inputs to the reverb tanks. Gain adjustments
may be made to the reverb tank outputs, and the reverb tank outputs (or gain adjusted versions of them) can be suitably
remixed for binaural playback. Natural sounding reverberation can be generated and applied by an FDN with compact
computational and memory footprints. FDNs have therefore been used in virtualizers, to apply a BRIR or to supplement
the direct response applied by an HRTF.
[0022] An example of a BRIR system (e.g., an implementation of one of subsystems 2, ..., 4 of the virtualizer of Fig.
1) which employs feedback delay networks (FDNs) to apply a BRIR to an input signal channel will be described with
reference to Fig. 2. The BRIR system of Fig. 2 includes analysis filterbank 202, a bank of FDNs (FDNs 203, 204, ..., and
205), and synthesis filterbank 207, coupled as shown. Analysis filterbank 202 is configured to apply a transform to the
input channel Xi to split its audio content into "K" frequency bands, where K is an integer. The filterbank domain values
(output from filterbank 202) in each different frequency band are asserted to a different one of the FDNs 203, 204, ...,
205 (there are "K" of these FDNs), which are coupled and configured to apply the BRIR to the filterbank domain values
asserted thereto.
[0023] In a variation on the system shown in Fig. 2, each of FDNs 203, 204, ..., 205 is coupled and configured to apply
a late reverberation portion (or early reflection and late reverberation portions) of a BRIR to the filterbank domain values
asserted thereto, and another subsystem (not shown in Fig. 2) applies the direct response and early reflection portions
(or the direct response portion) of the BRIR to the input channel Xi.
[0024] With reference again to Fig. 2, each of the FDNs 203, 204, ..., and 205, is implemented in the filterbank domain,
and is coupled and configured to process a different frequency band of the values output from analysis filterbank 202,
to generate left and right channel filtered signals for each band. For each band, the left filtered signal is a sequence of
filterbank domain values, and right filtered signal is another sequence of filterbank domain values. Synthesis filterbank
207 is coupled and configured to apply a frequency domain-to-time domain transform to the 2K sequences of filterbank
domain values (e.g., QMF domain frequency components) output from the FDNs, and to assemble the transformed
values into a left channel time domain signal (indicative of left channel audio to which the BRIR has been applied) and
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a right channel time domain signal (indicative of right channel audio to which the BRIR has been applied).
[0025] In a typical implementation each of the FDNs 203, 204, ..., and 205, is implemented in the QMF domain, and
filterbank 202 transforms the input channel 201 into the QMF domain (e.g., the hybrid complex quadrature mirror filter
(HCQMF) domain), so that the signal asserted from filterbank 202 to an input of each of FDNs 203, 204, ..., and 205 is
a sequence of QMF domain frequency components. In such an implementation, the signal asserted from filterbank 202
to FDN 203 is a sequence of QMF domain frequency components in a first frequency band, the signal asserted from
filterbank 202 to FDN 204 is a sequence of QMF domain frequency components in a second frequency band, and the
signal asserted from filterbank 202 to FDN 205 is a sequence of QMF domain frequency components in a "K"th frequency
band. When analysis filterbank 202 is so implemented, synthesis filterbank 207 is configured to apply a QMF domainto-time domain transform to the 2K sequences of output QMF domain frequency components from the FDNs, to generate
the left channel and right channel late-reverbed time-domain signals which are output to element 210.
[0026] The feedback delay network of Fig. 3 is an exemplary implementation of FDN 203 (or 204 or 205) of Fig. 2.
Although the Fig. 3 system has four reverb tanks (each including a gain stage, gi, and a delay line, z-ni, coupled to the
output of the gain stage) variations thereon the system (and other FDNs employed in embodiments of the inventive
virtualizer) implement more than or less than four reverb tanks.
[0027] The FDN of Fig. 3 includes input gain element 300, all-pass filter (APF) 301 coupled to the output of element
300, addition elements 302, 303, 304, and 305 coupled to the output of APF 301, and four reverb tanks (each comprising
a gain element, gk (one of elements 306), a delay line, z-Mk (one of elements 307) coupled thereto, and a gain element,
1/gk (one of elements 309) coupled thereto, where 0 ≤ k - 1 ≤ 3) each coupled to the output of a different one of elements
302, 303, 304, and 305. Unitary matrix 308 is coupled to the outputs of the delay lines 307, and is configured to assert
a feedback output to a second input of each of elements 302, 303, 304, and 305. The outputs of two of gain elements
309 (of the first and second reverb tanks) are asserted to inputs of addition element 310, and the output of element 310
is asserted to one input of output mixing matrix 312. The outputs of the other two of gain elements 309 (of the third and
fourth reverb tanks) are asserted to inputs of addition element 311, and the output of element 311 is asserted to the
other input of output mixing matrix 312.
[0028] Element 302 is configured to add the output of matrix 308 which corresponds to delay line z-n1 (i.e., to apply
feedback from the output of delay line z-n1 via matrix 308) to the input of the first reverb tank. Element 303 is configured
to add the output of matrix 308 which corresponds to delay line z-n2 (i.e., to apply feedback from the output of delay line
z-n2 via matrix 308) to the input of the second reverb tank. Element 304 is configured to add the output of matrix 308
which corresponds to delay line z-n3 (i.e., to apply feedback from the output of delay line z-n3 via matrix 308) to the input
of the third reverb tank. Element 305 is configured to add the output of matrix 308 which corresponds to delay line z-n4
(i.e., to apply feedback from the output of delay line z-n4 via matrix 308) to the input of the fourth reverb tank.
[0029] Input gain element 300 of the FDN of Fig. 3 is coupled to receive one frequency band of the transformed signal
(a filterbank domain signal) which is output from analysis filterbank 202 of Fig. 3. Input gain element 300 applies a gain
(scaling) factor, Gin, to the filterbank domain signal asserted thereto. Collectively, the scaling factors Gin (implemented
by all the FDNs 203, 204, ..., 205 of Fig. 3) for all the frequency bands control the spectral shaping and level.
[0030] In a typical QMF-domain implementation of the FDN of Fig. 3, the signal asserted from the output of all-pass
filter (APF) 301 to the inputs of the reverb tanks is a sequence of QMF domain frequency components. To generate
more natural sounding FDN output, APF 301 is applied to output of gain element 300 to introduce phase diversity and
increased echo density. Alternatively, or additionally, one or more all-pass delay filters may be applied in the reverb tank
feed-forward or feed-back paths depicted in Fig. 3 (e.g., in addition or replacement of delay lines z-Mk in each reverb
tank; or the outputs of the FDN (i.e., to the outputs of output matrix 312).
[0031] In implementing the reverb tank delays, z-ni the reverb delays ni should be mutually prime numbers to avoid
the reverb modes aligning at the same frequency. The sum of the delays should be large enough to provide sufficient
modal density in order to avoid artificial sounding output. But the shortest delays should be short enough to avoid excess
time gap between the late reverberation and the other components of the BRIR.
[0032] Typically, the reverb tank outputs are initially panned to either the left or the right binaural channel. Normally,
the sets of reverb tank outputs being panned to the two binaural channels are equal in number and mutually exclusive.
It is also desired to balance the timing of the two binaural channels. So if the reverb tank output with the shortest delay
goes to one binaural channel, the one with the second shortest delay would go the other channel.
[0033] The reverb tank delays can be different across frequency bands so as to change the modal density as a function
of frequency. Generally, lower frequency bands require higher modal density, thus the longer reverb tank delays.
[0034] The amplitudes of the reverb tank gains, gi, and the reverb tank delays jointly determine the reverb decay time
of the FDN of Fig. 3:
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where FFRM is the frame rate of filterbank 202 (of Fig. 3). The phases of the reverb tank gains introduce fractional delays
to overcome the issues related to reverb tank delays being quantized to the downsample-factor grid of the filterbank.
[0035] The unitary feedback matrix 308 provides even mixing among the reverb tanks in the feedback path.
[0036] To equalize the levels of the reverb tank outputs, gain elements 309 apply a normalization gain, 1/|gi| to the
output of each reverb tank, to remove the level impact of the reverb tank gains while preserving fractional delays
introduced by their phases.
[0037] Output mixing matrix 312 (also identified as matrix Mout) is a 2 x 2 matrix configured to mix the unmixed binaural
channels (the outputs of elements 310 and 311, respectively) from initial panning to achieve output left and right binaural
channels (the L and R signals asserted at the output of matrix 312) having desired interaural coherence. The unmixed
binaural channels are close to being uncorrelated after the initial panning because they do not consist of any common
reverb tank output. If the desired interaural coherence is Coh, where |Coh| ≤ 1, output mixing matrix 312 may be defined as:

15

20

Because the reverb tank delays are different, one of the unmixed binaural channels would lead the other constantly. If
the combination of reverb tank delays and panning pattern is identical across frequency bands, sound image bias would
result. This bias can be mitigated if the panning pattern is alternated across the frequency bands such that the mixed
binaural channels lead and trail each other in alternating frequency bands. This can be achieved by implementing the
output mixing matrix 312 so as to have form as set forth in the previous paragraph in odd-numbered frequency bands
(i.e., in the first frequency band (processed by FDN 203 of Fig. 3), the third frequency band, and so on), and to have the
following form in even-numbered frequency bands (i.e., in the second frequency band (processed by FDN 204 of Fig.
3), the fourth frequency band, and so on):
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where the definition of β remains the same. It should be noted that matrix 312 can be implemented to be identical in the
FDNs for all frequency bands, but the channel order of its inputs may be switched for alternating ones of the frequency
bands (e.g., the output of element 310 may be asserted to the first input of matrix 312 and the output of element 311
may be asserted to the second input of matrix 312 in odd frequency bands, and the output of element 311 may be
asserted to the first input of matrix 312 and the output of element 310 may be asserted to the second input of matrix
312 in even frequency bands.
[0038] In the case that frequency bands are (partially) overlapping, the width of the frequency range over which matrix
312’s form is alternated can be increased (e.g., it could alternated once for every two or three consecutive bands), or
the value of β in the above expressions (for the form of matrix 312) can be adjusted to ensure that the average coherence
equals the desired value to compensate for spectral overlap of consecutive frequency bands.
[0039] The inventors have recognized that it would be desirable to design BRIRs that apply (to the input signal channels)
the least processing necessary to achieve natural-sounding and well-externalized audio over headphones. In typical
embodiments of the present invention, this is accomplished by designing BRIRs that assimilate binaural cues that are
not only important to spatial perception but also maintain naturalness of the rendered signal. Binaural cues that improve
spatial perception but only at the cost of audio distortion are avoided. Many of the cues that are avoided are a direct
result of acoustical effects that our physical surroundings have on the sound received by our ears. Accordingly, typical
embodiments of the inventive BRIR design method incorporate room features that result in virtualizer performance gains
and avoid those that cause unacceptable quality impairments. In short, rather than design a virtualizer BRIR from a
room, typical embodiments design a perceptually-optimized BRIR that in turn defines a minimalistic virtual room. The
virtual room selectively incorporates acoustical properties of physical spaces, but is not bound by constraints of actual
rooms.
BRIEF DESCRIPTION OF THE INVENTION

55

[0040] In a class of embodiments, the invention is a method for designing binaural room impulse responses (BRIRs)
for use in headphone virtualizers. In accordance with the method, BRIR design is formulated as a numerical optimization
problem based on a simulation model (which generates candidate BRIRs, preferably in accordance with perceptual cues
and perceptually-beneficial acoustic constraints) and at least one objective function (which evaluates each of the candidate BRIRs, preferably in accordance with perceptual criteria), and includes a step of identifying a best (e.g., optimal)
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one of the candidate BRIRs (as indicated by performance metrics determined for the candidate BRIRs by each objective
function). Typically, each BRIR designed in accordance with the method (i.e., each candidate BRIR determined to be a
best one of a number of candidate BRIRs) is useful for virtualization of speaker channels and/or object channels of multichannel audio signals. Typically, the method includes a step of generating at least one signal indicative of each designed
BRIR (e.g., a signal indicative of data indicative of each designed BRIR), and optionally also a step of delivering at least
one said signal to a headphone virtualizer, or configuring a headphone virtualizer to apply at least one designed BRIR.
[0041] In typical embodiments, the simulation model is a stochastic room/head model. During numerical optimization
(to select a best one of a set of candidate BRIRs), the stochastic model generates each of the candidate BRIRs such
that each candidate BRIR (when applied to input audio to generate filtered audio intended to be perceived as emitting
from a source having predetermined direction and distance relative to an intended listener) inherently applies auditory
cues essential to the intended spatial audio perception ("spatial audio perceptual cues") while minimizing room effects
that cause coloration and time-smearing artifacts. Typically, the degree of similarity between each candidate BRIR and
a predetermined "target" BRIR is numerically evaluated in accordance with each objective function. Alternatively, each
candidate BRIR is otherwise evaluated in accordance with each objective function (e.g., to determine a degree of similarity
between at least one property of the candidate BRIR to at least one target property). In some cases, the candidate BRIR
which is identified as a "best" candidate BRIR represents a response of a virtual room which is not easily physically
realizable (e.g., a minimalistic virtual room which is not physically realizable or not easily physically realizable), yet which
can be applied to generate a binaural audio signal which conveys the auditory cues necessary for delivering naturalsounding and well-externalized multi-channel audio over headphones.
[0042] In a real (physical) room, the early reflections and late reverberation follow from geometry and physics laws.
For example, the early reflections resulting from a room are dependent on the geometry of the room, the position of the
source, and the position of the listener (the two ears). A common method to determine the level, delay and direction of
early reflections is using the image source method (cf. Allen, J. B. and Berkley, D. A. (1979), "Image method for efficiently
simulating small-room acoustics", J. Acoust. Soc. Am. 65 (4), pp. 943-950). Late reverberation, e.g., the reverberation
energy and decay time, predominantly depends on the room volume, and the acoustic absorption from walls, floor,
ceiling and objects in the room (cf. Sabine, W. C. (1922) "Collected Papers on Acoustics", Harvard University Press,
USA). In a ’virtual’ room (in the sense that this phrase is used herein), we can have early reflections and late reverberation
that have properties (delays, directions, levels, decay times) that are not constrained by physics.
[0043] Examples of perceptually-motivated early reflections for a virtual room are set forth herein. Through subjective
listening assessments we can determine early reflection delays, directions, spectral shape, and levels that maximize
spatial audio quality for an audio source at a given direction and distance. The stochastic process further optimizes
properties of the early reflections jointly with the late response, and takes into account effects of the direct response.
From early reflections in a candidate BRIR (e.g., an optimal candidate BRIR as determined by optimization) we can
work backwards to derive positions and acoustical properties of reflective surfaces in the virtual room required to deliver
a corresponding level of spatial audio quality for the given sound source. When we repeat this process for a variety of
sound source directions and distances, we find that the derived reflective surfaces are unique for each one. Each sound
source is presented in its own virtual room, independently of the others. In a physical room, each reflective surface
contributes in at least a small way to the BRIR for every sound source position, the properties of early reflections do not
depend on HRTF nor the late response, and the early reflections are constrained by geometry and laws of physics.
[0044] In another class of embodiments, the invention is a method for generating a binaural signal in response to a
set of channels (e.g., each of the channels, or each of the full frequency range channels) of a multi-channel audio input
signal, including steps of: (a) applying a binaural room impulse response (BRIR) to each channel of the set (e.g., by
convolving each channel of the set with a BRIR corresponding to said channel), thereby generating filtered signals,
where each said BRIR has been designed (i.e., predetermined) in accordance with an embodiment of the invention; and
(b) combining the filtered signals to generate the binaural signal.
[0045] In another class of embodiments, the invention is an audio processing unit (APU) configured to perform any
embodiment of the inventive method. In another class of embodiments, the invention is an APU including a memory
(e.g., a buffer memory) which stores (e.g., in a non-transitory manner) data indicative of a BRIR determined in accordance
with any embodiment of the inventive method. Examples of APUs include, but are not limited to virtualizers, decoders,
codecs, pre-processing systems (pre-processors), post-processing systems (post-processors), processing systems configured to generate BRIRs, and combinations of such elements. The invention is defined by the independent claims.
Preferred embodiments are defined by the dependent claims.
BRIEF DESCRIPTION OF THE DRAWINGS
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[0046]
FIG. 1 is a block diagram of a system (20) including a headphone virtualization system (which can be implemented
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as an embodiment of the inventive headphone virtualization system). The headphone virtualization system can
apply (in subsystems 2, ..., 4) either conventionally determined BRIRs, or BRIRs determined in accordance with an
embodiment of the invention.
FIG. 2 is a block diagram of an embodiment of one of subsystems 2,..., 4 of Fig. 1.
FIG. 3 is a block diagram of an FDN of a type included in some implementations of the system of FIG. 2.
FIG. 4 is a block diagram of a system including APU 30 (configured to design BRIRs in accordance with an embodiment of the invention), APU 10 (configured to perform virtualization on channels of a multi-channel audio signal
using the BRIRs), and delivery subsystem 40 (coupled and configured to deliver data, or signals, indicative of the
BRIRs to APU 10).
FIG. 5 is a block diagram of an embodiment of a system configured to perform an embodiment of the inventive BRIR
design and generation method.
FIG. 6 is a block diagram of a typical implementation of subsystem 101 (with HRTF database 102) of FIG. 5, which
is configured to generate a sequence of candidate BRIRs.
FIG. 7 is an embodiment of subsystem 113 of Fig. 6.
FIG. 8 is an embodiment of subsystem 114 of Fig. 6.
Notation and Nomenclature
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[0047] Throughout this disclosure, including in the claims, the expression performing an operation "on" a signal or
data (e.g., filtering, scaling, transforming, or applying gain to, the signal or data) is used in a broad sense to denote
performing the operation directly on the signal or data, or on a processed version of the signal or data (e.g., on a version
of the signal that has undergone preliminary filtering or pre-processing prior to performance of the operation thereon).
[0048] Throughout this disclosure including in the claims, the expression "system" is used in a broad sense to denote
a device, system, or subsystem. For example, a subsystem that implements a virtualizer may be referred to as a virtualizer
system, and a system including such a subsystem (e.g., a system that generates X output signals in response to multiple
inputs, in which the subsystem generates M of the inputs and the other X - M inputs are received from an external source)
may also be referred to as a virtualizer system (or virtualizer).
[0049] Throughout this disclosure including in the claims, the term "processor" is used in a broad sense to denote a
system or device programmable or otherwise configurable (e.g., with software or firmware) to perform operations on
data (e.g., audio, or video or other image data). Examples of processors include a field-programmable gate array (or
other configurable integrated circuit or chip set), a digital signal processor programmed and/or otherwise configured to
perform pipelined processing on audio or other sound data, a programmable general purpose processor or computer,
and a programmable microprocessor chip or chip set.
[0050] Throughout this disclosure including in the claims, the expression "analysis filterbank" is used in a broad sense
to denote a system (e.g., a subsystem) configured to apply a transform (e.g., a time domain-to-frequency domain
transform) on a time-domain signal to generate values (e.g., frequency components) indicative of content of the timedomain signal, in each of a set of frequency bands. Throughout this disclosure including in the claims, the expression
"filterbank domain" is used in a broad sense to denote the domain of the frequency components generated by an analysis
filterbank (e.g., the domain in which such frequency components are processed). Examples of filterbank domains include
(but are not limited to) the frequency domain, the quadrature mirror filter (QMF) domain, and the hybrid complex quadrature
mirror filter (HCQMF) domain. Examples of the transform which may be applied by an analysis filterbank include (but
are not limited to) a discrete-cosine transform (DCT), modified discrete cosine transform (MDCT), discrete Fourier
transform (DFT), and a wavelet transform. Examples of analysis filterbanks include (but are not limited to) quadrature
mirror filters (QMF), finite-impulse response filters (FIR filters), infinite-impulse response filters (IIR filters), cross-over
filters, and filters having other suitable multi-rate structures.
[0051] Throughout this disclosure including in the claims, the term "metadata" refers to separate and different data
from corresponding audio data (audio content of a bitstream which also includes metadata). Metadata is associated with
audio data, and indicates at least one feature or characteristic of the audio data (e.g., what type(s) of processing have
already been performed, or should be performed, on the audio data, or the trajectory of an object indicated by the audio
data). The association of the metadata with the audio data is time-synchronous. Thus, present (most recently received
or updated) metadata may indicate that the corresponding audio data contemporaneously has an indicated feature
and/or comprises the results of an indicated type of audio data processing.
[0052] Throughout this disclosure including in the claims, the term "couples" or "coupled" is used to mean either a
direct or indirect connection. Thus, if a first device couples to a second device, that connection may be through a direct
connection, or through an indirect connection via other devices and connections.
[0053] Throughout this disclosure including in the claims, the following expressions have the following definitions:
speaker and loudspeaker are used synonymously to denote any sound-emitting transducer. This definition includes
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loudspeakers implemented as multiple transducers (e.g., woofer and tweeter);
speaker feed: an audio signal to be applied directly to a loudspeaker, or an audio signal that is to be applied to an
amplifier and loudspeaker in series;
channel (or "audio channel"): a monophonic audio signal. Such a signal can typically be rendered in such a way as
to be equivalent to application of the signal directly to a loudspeaker at a desired or nominal position. The desired
position can be static, as is typically the case with physical loudspeakers, or dynamic;
audio program: a set of one or more audio channels (at least one speaker channel and/or at least one object channel)
and optionally also associated metadata (e.g., metadata that describes a desired spatial audio presentation);
speaker channel (or "speaker-feed channel"): an audio channel that is associated with a named loudspeaker (at a
desired or nominal position), or with a named speaker zone within a defined speaker configuration. A speaker
channel is rendered in such a way as to be equivalent to application of the audio signal directly to the named
loudspeaker (at the desired or nominal position) or to a speaker in the named speaker zone;
object channel: an audio channel indicative of sound emitted by an audio source (sometimes referred to as an audio
"object"). Typically, an object channel determines a parametric audio source description (e.g., metadata indicative
of the parametric audio source description is included in or provided with the object channel). The source description
may determine sound emitted by the source (as a function of time), the apparent position (e.g., 3D spatial coordinates)
of the source as a function of time, and optionally at least one additional parameter (e.g., apparent source size or
width) characterizing the source;
object based audio program: an audio program comprising a set of one or more object channels (and optionally
also comprising at least one speaker channel) and optionally also associated metadata (e.g., metadata indicative
of a trajectory of an audio object which emits sound indicated by an object channel, or metadata otherwise indicative
of a desired spatial audio presentation of sound indicated by an object channel, or metadata indicative of an identification of at least one audio object which is a source of sound indicated by an object channel); and
render: the process of converting an audio program into one or more speaker feeds, or the process of converting
an audio program into one or more speaker feeds and converting the speaker feed(s) to sound using one or more
loudspeakers (in the latter case, the rendering is sometimes referred to herein as rendering "by" the loudspeaker(s)).
An audio channel can be trivially rendered ("at" a desired position) by applying the signal directly to a physical
loudspeaker at the desired position, or one or more audio channels can be rendered using one of a variety of
virtualization techniques designed to be substantially equivalent (for the listener) to such trivial rendering. In this
latter case, each audio channel may be converted to one or more speaker feeds to be applied to loudspeaker(s) in
known locations, which are in general different from the desired position, such that sound emitted by the loudspeaker(s) in response to the feed(s) will be perceived as emitting from the desired position. Examples of such virtualization
techniques include binaural rendering via headphones (e.g., using Dolby Headphone processing which simulates
up to 7.1 channels of surround sound for the headphone wearer) and wave field synthesis.

35

[0054] The notation that a multi-channel audio signal is an "x.y" or "x.y.z" channel signal herein denotes that the signal
has "x" full frequency speaker channels (corresponding to speakers nominally positioned in the horizontal plane of the
assumed listener’s ears),"y" LFE (or subwoofer) channels, and optionally also "z" full frequency overhead speaker
channels (corresponding to speakers positioned above the assumed listener’s head, e.g., at or near a room’s ceiling).
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[0055] Many embodiments of the present invention are technologically possible. It will be apparent to those of ordinary
skill in the art from the present disclosure how to implement them. Embodiments of the inventive system, method, and
medium will be described with reference to Figs. 1, 4, 5, 6, 7, and 8.
[0056] As noted above, a class of embodiments of the invention comprises audio processing units (APUs) configured
to perform any embodiment of the inventive method. In another class of embodiments, the invention is an APU including
a memory (e.g., a buffer memory) which stores (e.g., in a non-transitory manner) data indicative of a BRIR determined
in accordance with any embodiment of the inventive method.
[0057] System 20 of above-described FIG. 1 is an example of an APU including a headphone virtualizer (comprising
above-described elements 2, ..., 4, 5, 6, and 8). This virtualizer can be implemented as an embodiment of the inventive
headphone virtualization system by configuring each of BRIR subsystems 2, ..., 4 to apply a binaural room impulse
response, BRIRi, which has been determined in accordance with an embodiment of the invention, to each full frequency
range channel Xi. With the virtualizer so configured, system 20 (which is a decoder, in some embodiments) is also an
example of an APU which is an embodiment of the invention.
[0058] Other exemplary embodiments of the inventive system are audio processing unit (APU) 30 of Fig. 4, and APU
10 of Fig. 4. APU 30 is a processing system configured to generate BRIRs in accordance with an embodiment of the
invention. APU 30 includes processing subsystem ("BRIR generator") 31 which is configured to design BRIRs in ac-
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cordance with any embodiment of the invention, and buffer memory (buffer) 32 coupled to BRIR generator 31. In operation,
buffer 32 stores (e.g., in a non-transitory manner) data ("BRIR data") indicative of a set of BRIRs, each BRIR in the set
having been designed (determined) in accordance with an embodiment of the inventive method. APU 30 is coupled and
configured to assert a signal indicative of the BRIR data to delivery subsystem 40.
[0059] Delivery subsystem 40 is configured to store the signal (or to store BRIR data indicated by the signal) and/or
to transmit the signal to APU 10. APU 10 is coupled and configured (e.g., programmed) to receive the signal (or BRIR
data indicated by the signal) from subsystem 40 (e.g., by reading or retrieving the BRIR data from storage in subsystem
40, or receiving the signal that has been transmitted by subsystem 40). Buffer 19 of APU 10 stores (e.g., in a nontransitory manner) the BRIR data. BRIR subsystems 12, ..., and 14, and addition elements 16 and 18 of APU 10 are a
headphone virtualizer configured to apply a binaural room impulse response (one of the BRIRs determined by the BRIR
data delivered by subsystem 40) to each full frequency range channel (X1, ..., XN) of a multi-channel audio input signal.
[0060] To configure the headphone virtualizer, the BRIR data are asserted from buffer 19 to memory 13 of subsystem
12, and to memory 15 of subsystem 14 (and to a memory of each other BRIR subsystem coupled in parallel with
subsystems 12 and 14 to filter one of audio input signal channels X1, ..., and XN). Each of BRIR subsystems 12, ..., and
14 is configured to apply any selected one of a set of BRIRs indicated by BRIR data stored therein, and thus storage of
the BRIR data (which has been delivered to buffer 19) in each BRIR subsystem (12, ..., or 14) configures the BRIR
subsystem to apply a selected one of the BRIRs indicated by the BRIR data (a BRIR corresponding to a source direction
and distance for audio content of channel X1, ..., or XN) to one of the channels X1, ..., and XN, of the multi-channel audio
input signal.
[0061] Each of channels X1, ..., XN, (which may be speaker channels or object channels) corresponds to a specific
source direction and distance relative to an assumed listener (i.e., the direction of a direct path from, and the distance
between, an assumed position of a corresponding speaker to the assumed listener position), and the headphone virtualizer is configured to convolve each such channel with a BRIR for the corresponding source direction and distance.
Thus, subsystem 12 is configured to convolve channel X1 with BRIR1 (one of the BRIRs, determined by the BRIR data
delivered by subsystem 40 and stored in memory 13, which corresponds to the source direction and distance of channel
X1), subsystem 4 is configured to convolve channel XN with BRIRN (one of the BRIRs, determined by the BRIR data
delivered by subsystem 40 and stored in memory 15, which corresponds to the source direction and distance of channel
XN), and so on for each other input channel. The output of each BRIR subsystem (each of subsystems 12, ..., 14) is a
time-domain binaural signal including a left channel and a right channel (e.g., the output of subsystem 12 is a binaural
signal including a left channel, L1, and a right channel, R1).
[0062] The left channel outputs of the BRIR subsystems are mixed in addition element 16, and the right channel
outputs of the BRIR subsystems are mixed in addition element 18. The output of element 16 is the left channel, L, of
the binaural audio signal output from the virtualizer, and the output of element 18 is the right channel, R, of the binaural
audio signal output from the virtualizer.
[0063] APU 10 may be a decoder which is coupled to receive an encoded audio program, and which includes a
subsystem (not shown in Fig. 4) coupled and configured to decode the program including by recovering the N full
frequency range channels (X, ..., XN) therefrom and to provide them to elements 12, ..., and 14 of the virtualizer subsystem
(which comprises elements, 12,..., 14, 16, and 18, coupled as shown). The decoder may include additional subsystems,
some of which perform functions not related to the virtualization function performed by the virtualization subsystem, and
some of which may perform functions related to the virtualization function. For example, the latter functions may include
extraction of metadata from the encoded program, and provision of the metadata to a virtualization control subsystem
which employs the metadata to control elements of the virtualizer subsystem.
[0064] We next describe embodiments of the inventive method for BRIR design and/or generation. In a class of such
embodiments, BRIR design is formulated as a numerical optimization problem based on a simulation model (which
generates candidate BRIRs, preferably in accordance with perceptual cues and acoustic constraints) and at least one
objective function (which evaluates each of the candidate BRIRs, preferably in accordance with perceptual criteria), and
includes a step of identifying a best (e.g., optimal) one of the candidate BRIRs (as indicated by performance metrics
determined for the candidate BRIRs by each objective function). Typically, each BRIR designed in accordance with the
method (i.e., each candidate BRIR determined to be an optimal or "best" one of a number of candidate BRIRs) is useful
for virtualization of speaker channels and/or object channels of multi-channel audio signals. Typically, the method includes
a step of generating at least one signal indicative of each designed BRIR (e.g., a signal indicative of data indicative of
each designed BRIR), and optionally also a step of delivering at least one said signal to a headphone virtualizer (or
configuring a headphone virtualizer to apply at least one at least one designed BRIR). In typical embodiments, the
numerical optimization problem is solved by applying any one of a number of methods that are well-known in the art (for
example, random search (Monte Carlo), Simplex, or Simulated Annealing) to evaluate the candidate BRIRs in accordance
with each objective function, and to identify a best (e.g., optimal) one of the candidate BRIRs as a BRIR which has been
designed in accordance with the invention. In one exemplary embodiment, one objective function determines a performance metric (for each candidate BRIR) indicative of perceptual-domain frequency response, another determines a per-
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formance metric (for each candidate BRIR) indicative of temporal response, and another determines a performance
metric (for each candidate BRIR) indicative of dialog clarity, and all three objective functions are employed to evaluate
each candidate BRIR.
[0065] In a class of embodiments, the invention is a method for designing a BRIR (e.g., BRIR1 or BRIRN of Fig. 4)
which, when convolved with an input audio channel, generates a binaural signal indicative of sound from a source having
a direction and a distance relative to an intended listener, said method including steps of:
(a) generating candidate BRIRs in accordance with a simulation model (e.g., the model implemented by subsystem
101 of the Fig. 5 implementation of BRIR generator 31 of Fig. 4) which simulates a response of an audio source,
having a candidate BRIR direction and a candidate BRIR distance relative to an intended listener, where the candidate
BRIR direction is at least substantially equal to the direction, and the candidate BRIR distance is at least substantially
equal to the distance;
(b) generating performance metrics (e.g., those generated in subsystem 107 of the Fig. 5 implementation of BRIR
generator 31 of Fig. 4), including a performance metric (referred to as a "figure of merit" in Fig. 5) for each of the
candidate BRIRs, by processing the candidate BRIRs in accordance with at least one objective function; and
(c) identifying (e.g., in subsystem 107 or 108 of the Fig. 5 implementation of BRIR generator 31 of Fig. 4) one of the
performance metrics having an extremum value, and identifying, as the BRIR, one of the candidate BRIRs for which
the performance metric has said extremum value. When two or more objective functions are employed, the performance metric for each candidate BRIR may be an "overall" performance metric which is an appropriately weighted
combination of individual performance metrics (each individual performance metric determined in accordance with
a different one of the objective functions) for the candidate BRIR. The candidate BRIR whose overall performance
metric has an extremum value (sometimes referred to as a "surviving BRIR") would then be identified in step (c).
[0066] Typically, step (a) includes a step of generating the candidate BRIRs in accordance with predetermined perceptual cues such that each of the candidate BRIRs, when convolved with the input audio channel, generates a binaural
signal indicative of sound which provides said perceptual cues. Examples of such cues include (but are not limited to):
interaural time difference and interaural level difference (e.g., as implemented by subsystems 102 and 113 of the Fig.
6 embodiment of simulation model 101 of Fig. 5), interaural coherence (e.g., as implemented by subsystems 110 and
114 of the Fig. 6 embodiment of simulation model 101 of Fig. 5), reverberation time (e.g., as implemented by subsystems
110 and 114 of the Fig. 6 embodiment of simulation model 101), direct-to-reverberant ratio (e.g., as implemented by
combiner 115 of the Fig. 6 embodiment of simulation model 101), early reflection-to-late response ratio (e.g., as implemented by combiner 115 of the Fig. 6 embodiment of simulation model 101), and echo density (e.g., as implemented
by subsystems 110 and 114 of the Fig. 6 embodiment of simulation model 101 of Fig. 5).
[0067] In typical embodiments, the simulation model is a stochastic room/head model (e.g., implemented in BRIR
generator 31 of Fig. 4). During numerical optimization (to select a best one of a set of candidate BRIRs), the stochastic
model generates each of the candidate BRIRs such that each candidate BRIR (when applied to input audio to generate
filtered audio intended to be perceived as emitting from a source having predetermined direction and distance relative
to an intended listener) inherently applies auditory cues essential to the intended spatial audio perception ("spatial audio
perceptual cues") while minimizing room effects that cause coloration and time-smearing artifacts.
[0068] The stochastic model typically uses a combination of deterministic and random (stochastic) elements. Deterministic elements, such as the essential perceptual cues, serve as constraints on the optimization process. Random
elements, such as room reflection waveform shape for the early and late responses, generate random variables that
appear in the formulation of the BRIR optimization problem itself.
[0069] The degree of similarity between each candidate and an ideal BRIR response ("target" or "target BRIR") is
numerically evaluated (e.g., in BRIR generator 31 of Fig. 4) using each said objective function (which in turn determines
a metric of performance for each of the candidate BRIRs). The optimal solution is taken to be the simulation model
output (candidate BRIR) which yields a performance metric (determined by the objective function(s)) having an extremum
value, i.e., the candidate BRIR which has a best metric of performance (determined by the objective function(s)). Data
indicative of the optimal (best) candidate BRIR for each sound source direction and distance are generated (e.g., by
BRIR generator 31 of Fig. 4) and stored (e.g., in buffer memory 32 of Fig. 4) and/or delivered to a virtualizer system
(e.g., the virtualizer subsystem of APU 10 of Fig. 4).
[0070] Fig. 5 is a block diagram of a system (which may be implemented by BRIR generator 31 of Fig. 4, for example)
which is configured to perform an embodiment of the inventive BRIR design and generation method. This embodiment
selects an optimal BRIR candidate from a plurality of such candidate BRIRs using one or more perceptually-motivated
distortion metrics.
[0071] Stochastic room model subsystem 101 of Fig. 5 is configured to apply a stochastic room model to generate
candidate BRIRs. Control values indicative of a sound source direction (azimuth and elevation) and distance (from the
assumed listener position) are provided as input to stochastic room model subsystem 101, which has access to an HRTF
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database (102) for looking up a direct response (a pair of left and right HRTFs) corresponding to the source direction
and distance. Typically, database 102 is implemented as a memory (which stores each selectable HRTF) which is
coupled to and accessible by subsystem 101. In response to the HRTF pair (selected from database 102 for a source
direction and distance, subsystem 101 produces a sequence of candidate BRIRs, each candidate BRIR comprising a
candidate left impulse response and a candidate right impulse response. Transform and frequency banding stage 103
is coupled and configured to transform each of the candidate BRIRs from the time domain to a perceptual domain
(perceptually banded frequency domain) for comparison with a perceptual-domain representation of a target BRIR. Each
perceptual-domain candidate BRIR output from stage 103 is a sequence of values (e.g., frequency components) indicative
of content of a time-domain candidate BRIR, in each of a set of perceptually determined frequency bands (e.g., frequency
bands which approximate the nonuniform frequency bands of the well known psychoacoustic scale known as the Bark
scale).
[0072] Target BRIR subsystem 105 is or includes a memory which stores the target BRIR, which has been predetermined and provided to subsystem 105 by the system operator. Transform stage 106 is coupled and configured to
transform the target BRIR from the time domain to the perceptual domain. Each perceptual-domain target BRIR output
from stage 106 is a sequence of values (e.g., frequency components) indicative of content of a time-domain target BRIR,
in each of a set of perceptually determined frequency bands.
[0073] Subsystem 107 is configured to implement at least one objective function which determines a perceptualdomain metric of BRIR performance (e.g., suitability) of each of the candidate BRIRs. Subsystem 107 numerically
evaluates a degree of similarity between each candidate BRIR and the target BRIR in accordance with each said objective
function. Specifically, subsystem 107 applies each objective function (to each candidate BRIR and the target BRIR) to
determine a metric of performance for each candidate BRIR.
[0074] Subsystem 108 is configured to select, as the optimal BRIR, one of the candidate BRIRs which has a best
metric of performance (e.g., a best overall performance metric, of the type mentioned above) as indicated by the output
of subsystem 107). For example, the optimal BRIR can be selected to be one of the candidate BRIRs having a largest
degree of similarity to the target BRIR (as indicated by the output of subsystem 107). In the ideal case, the objective
function(s) represent all aspects of virtualizer subjective performance, including but not limited to: spectral naturalness
(timbre relative to the stereo downmix); dialog clarity; and sound source localization, externalization, and width. A standardized method that could serve as an objective function for evaluating dialog clarity is Perceptual Evaluation of Speech
Quality (PESQ) (cf. ITU-T Recommendation P.862.2, "Wideband extension to Recommendation P.862 for the assessment of wideband telephone networks and speech codecs", Nov. 2007.
[0075] As a result of simulations, the inventors have found that a gain-optimized log-spectral distortion measure, D
(defined below), is a useful perceptual-domain metric. This metric provides (for each candidate BRIR and target BRIR
pair) a measure of spectral naturalness of audio signals rendered by the candidate BRIR. Smaller values of D correspond
to BRIRs that produce lower timbral distortion and more natural quality of rendered audio signals. This metric, D, is
determined from the following objective function (which subsystem 107 of Fig. 5 can readily be configured to implement)
expressed in the perceptual domain (operating on the critical-band power spectrum of the target BRIR and the criticalband power spectrum of the target BRIR):

40

45

50

55

where D = average log-spectral distortion,
Cnk = Perceptual energy for channel n, frequency band k of the candidate BRIR,
Tnk = Perceptual energy for channel n, frequency band k of the target BRIR, glog = log gain offset that minimizes D,
Wn = channel weighting factor for channel n, and
B = the number of perceptual bands.
[0076] In some embodiments of the inventive method which generate a performance metric at least substantially equal
to the above metric, D, for each candidate BRIR, the method includes a step of comparing a perceptually banded,
frequency domain representation of each of the candidate BRIRs with a perceptually banded, frequency domain representation of the target BRIR corresponding to the source direction for said each of the candidate BRIRs. Each such
perceptually banded, frequency domain representation (of a candidate BRIR or a corresponding target BRIR) comprises
a left channel having B frequency bands and a right channel having B frequency bands. The index, n, in the above
expression for the metric, D, is an index indicative of channel, whose value n = 1 indicates the left channel, and whose
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value n = 2 indicates the right channel.
[0077] A useful attribute of the above-defined metric D is that it is sensitive to spectral combing distortion at low
frequencies, a common source of unnatural audio quality in virtualizers. The metric D is also insensitive to broadband
gain offsets between the candidate and target BRIRs due to the above term glog, which is defined as follows in a typical
embodiment of the inventive method (implemented in accordance with Fig. 5):
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In such an embodiment, the term glog is computed separately (by subsystem 107) for each candidate BRIR in a manner
that minimizes the resulting mean-square distortion D for the candidate BRIR.
[0078] Other performance metrics could be implemented by subsystem 107 (in place of, or to supplement, the abovedefined metric D) to evaluate different aspects of candidate BRIR performance. Additionally, the above expressions for
D and glog can be modified (to determine another distortion measure, for use in place of metric D, expressed in the
specific loudness domain) by replacing the log(Cnk) and log(Tnk) terms in the above expressions for D and glog, by the
specific loudness in critical bands of the candidate and target BRIRs, respectively.
[0079] The inventors have also found that in typical embodiments of the invention, the anechoic HRTF response,
equalized with a direction-independent equalization filter, is a suitable target BRIR (to be output from subsystem 105 of
Fig. 5). When the objective function applied by subsystem 107 determines the gain-optimized log-spectral distortion, D,
to be the performance metric, the degree of spectral coloration is typically significantly lower than that for traditional
listening room models.
[0080] In accordance with the FIG. 5 embodiment, typical implementations of subsystem 101 generate each of the
candidate BRIRs as a sum of direct and early and late impulse response portions (BRIR regions), in a manner to be
described with reference to Fig. 6. As noted above with reference to Fig. 5, the sound source direction and distance
indicated to subsystem 101 determine the direct response of each candidate BRIR, by causing subsystem 101 to select
a corresponding pair of left and right HRTFs (direct response BRIR portions) from HRTF database 102.
[0081] Reflection control subsystem 111 identifies (i.e., chooses) a set of early reflection paths (comprising one or
more early reflection paths) in response to the same sound source direction and distance which determine the direct
response, and asserts control values indicative of each such set of early reflection paths to early reflection generation
subsystem (generator) 113. Early reflection generator 113 selects a pair of left and right HRTFs from database 102
which correspond to the direction of arrival (at the listener) of each early reflection (of each set of early reflection paths)
determined by subsystem 111 in response to the same sound source direction and distance which determine the direct
response. In response to the selected pair(s) of left and right HRTFs for each set of early reflection paths determined
by subsystem 111, generator 113 determines an early response portion of one of the candidate BRIRs.
[0082] Late response control subsystem 110 asserts control signals to late response generator 114, in response to
the same sound source direction and distance which determine the direct response, to cause generator 114 to output
a late response portion of one of the candidate BRIRs which corresponds to the sound source direction and distance.
[0083] The direct response, early reflections, and late response are summed together (with appropriate time offsets
and overlap) in combiner subsystem 115 to generate each candidate BRIR. Control values asserted to subsystem 115
are indicative of a direct-to-reverb ratio (DR Ratio) and an early reflection-to-late response ratio (EL Ratio) which are
used by subsystem 115 to set the relative gains of direct, early, and late BRIR portions which it combines.
[0084] The subsystems of Fig. 6 indicated by dashed boxes (i.e., subsystems 111, 113, and 114) are stochastic
elements, in the sense that each outputs a sequence of outputs (driven in part by random variables) in response to each
sound source direction and distance asserted to subsystem 101. In operation, the Fig. 6 embodiment generates at least
one sequence of random (e.g., pseudo-random) variables, and the operations performed by subsystems 111, 113, and
114 (and thus the generation of candidate BRIRs) is driven in part by at least some of the random variables. Thus, in
response to each sound source direction and distance asserted to subsystem 101, subsystem 111 determines a sequence
of sets of early reflection paths, and subsystems 113 and 114 assert to combiner 115 a sequence of early reflection
BRIR portions and late response BRIR portions. In response, combiner 115 combines each set of early reflection BRIR
portions in the sequence with each corresponding late response BRIR portion in the sequence, and with the HRTF
selected for the sound source direction and distance, to generate each candidate BRIR of a sequence of candidate
BRIRs. The random variables which drive subsystems 111, 113, and 114 should provide sufficient degrees of freedom
to enable the Fig. 6 implementation of the stochastic room model to generate a diverse set of candidate BRIRs during
optimization.
[0085] Typically, reflection control subsystem 111 is implemented to impose the desired delay, gain, shape, duration,
and/or direction of the early reflection(s) of the sets of early reflections indicated by its output. Typically, late response
control subsystem 110 is implemented to vary the interaural coherence, echo density, delay, gain, shape, and/or duration
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to the raw random sequences in order to generate the late responses indicated by its output.
[0086] In variations on the Fig. 6 implementation of the stochastic room model, each late response portion output from
subsystem 114 may be generated by a semi-deterministic or fully deterministic process (e.g., it may be a predetermined
late-reverberation impulse response, or may be determined by an algorithmic reverberation algorithm, e.g., one implemented by a unitary-feedback delay network (UFDN), or a Schroeder reverberation algorithm).
[0087] In typical implementations of subsystem 111 of Fig. 6, the number of early reflection(s) and the direction-ofarrival of each early reflection, in each set of early reflections determined by subsystem 111are based on perceptual
considerations. For example, it is well-known that including an early floor reflection in a BRIR is important to good source
localization in headphone virtualizers. However, the inventors have further found that:
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early reflections emanating from the same azimuth and elevation as the sound source can improve source localization
and focus, and increase perceived distance;
as early reflections emanate from wider angles away from the sound source direction, the sound source size generally
becomes larger and more diffuse;
an early reflection from a desk can be even more effective than the floor for frontal sound sources; and
early reflections with a direction of arrival opposite to that of the sound source may add a sense of spaciousness,
but at the cost of localization performance. For example, floor reflections have been found to degrade performance
for overhead sound sources.
[0088] It is contemplated that subsystem 111 be implemented to determine the sets of early reflections (for each
source direction and distance) in accordance with such perceptual considerations.
[0089] The inventors have also found that certain reflection direction spreading patterns can improve source localization. As suggested by the observation noted above that early reflections emanating from the same azimuth and elevation
as the sound source can improve source localization and focus, and increase perceived distance), one strategy for
implementation by subsystem 111 that was found to be particularly effective is to design the early reflection(s) for a
given source direction and distance to originate from the same direction as the sound source, and to progressively fan
out in space during the late response to eventually surround the listener.
[0090] From the above findings, it is evident that important aspects of sound image control is provided by the early
reflections, and the manner in which they transition to the late BRIR response. For optimal virtualizer performance,
reflections (e.g., those determined by the output of subsystem 111 of Fig. 6) should be customized for each sound
source. For example, adding an independent virtual wall behind each sound source and perpendicular to the line that
sound travels from the source to the ear (as indicated by the output of subsystem 111) can improve performance of a
candidate BRIR. This configuration is made even more effective for frontal sources by configuring subsystem 111 so
that its output is also indicative of a floor or desk reflection. Such a perceptually-motivated arrangement of early reflections
is easily implemented by the Fig. 6 embodiment of the invention, but would be at best difficult to implement in a traditional
room model (having an arrangement of reflective surfaces with fixed relative orientations and not perceptually optimized
for each sound source), especially when the virtualizer is required to support moving sound sources (audio objects).
[0091] Next, with reference to Fig. 7 we describe an embodiment of early reflection generator 113 of Fig. 6. Its purpose
is to synthesize early reflections using parameters received from reflection control subsystem 111. The Fig. 7 embodiment
of generator 113 combines traditional room model elements with two perceptually-motivated elements. Gaussian Independent and Identically Distributed (IID) noise generator 120 of the Fig. 7 is configured to generate noise for use as
reflection prototypes. A unique noise sequence is selected for each reflection in every candidate BRIR, providing multiple
degrees of freedom in the reflection frequency responses. The noise sequence is optionally modified by center clip
subsystem 121 (if present) to replace each input value (of the sequence asserted to subsystem 121) by a zero output
value if the absolute value of the input is smaller than a predetermined percentage of a maximum input value, and is
modified by specular processing subsystem 122 (which adds a specular reflection component thereto). Optionally, filter
123 (if implemented), which models absorption of the reflecting surface(s), is applied next, followed by a directionindependent HRTF equalization filter 124. In the next processing stage, combing reduction stage 125, the output of filter
124 undergoes highpass filtering with a delay-dependent cutoff frequency. The cutoff frequency is selected individually
for each reflection so as to maximize low-frequency energy under the constraint of acceptable spectral combing in the
rendered audio signal. The inventors have found from theoretical considerations and practice that setting the normalized
cutoff frequency to 1.5 divided by the reflection delay (in samples) typically works well in achieving the design constraint.
[0092] Attack and decay envelope modification stage 126 modifies the attack and decay characteristics of the reflection
prototype which is output from stage 125, by applying a window. A variety of window shapes are possible, but an
exponentially-decaying window is typically suitable. Finally, HRTF stage 127 applies the HRTF (retrieved from HRTF
database 102 of Fig. 6) which corresponds to the reflection direction-of-arrival, producing a binaural reflection prototype
response which is asserted to combiner subsystem 115 of Fig. 6.
[0093] Subsystems 120 and 127 of Fig. 7 are stochastic elements, in the sense that each outputs a sequence of
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outputs (driven in part by random variables) in response to each sound source direction and distance asserted to
subsystem 101. In operation, subsystems 122, 123, 125, 126, and 127 of Fig. 7 receive inputs from reflection control
subsystem 111 (of Fig. 6)
[0094] Next, with reference to Fig. 8 we describe an embodiment of late response generator 114 of Fig. 6.
[0095] In typical implementations, the generation of the late response is based on a stochastic model that imparts
essential temporal, spectral and spatial acoustic attributes to the candidate BRIR. As in a physical acoustic space, during
the early reflection stage, reflections arrive at the ears sparsely such that the micro structure of each reflection is
observable and affects auditory perception. In the late response stage, the echo density typically increases to the point
where micro features of individual reflections are no longer observable. Instead, the macro attributes of the reverberation
become the essential auditory cues. These frequency-dependent attributes include energy decay time, interaural coherence, and spectral distribution.
[0096] The transition from early response stage to late response stage is a progressive process. Implementing such
a transition in the generated late response helps focus sound source images, reduce spatial pumping, and improve
externalization. In typical embodiments, the transition implementation involves controlling the temporal patterns of echo
density, interaural time differential or "ITD," and interaural level differential or "ILD" (e.g., using echo generator 130 of
Fig. 8). The echo density typically increases quadratically with time. Here the similarity with physical acoustic spaces
ends. The inventors have found that the sound source image is most compact, stable, and externalized if the initial
ITD/ILD pattern reinforces that of the source direction. While the echo density is low, the ITD/ILD pattern in the generated
late response resembles that of directional sources corresponding to individual reflections. As the echo density increases,
ITD/ILD directivity starts to widen and gradually evolve into the pattern of a diffuse sound field.
[0097] Generating late responses with the transitional characteristics described above can be achieved by a stochastic
echo generator (e.g., echo generator 130 of Fig. 8). The operation of a typical implementation of echo generator 130
includes the following steps:
1. At every time instant as the echo generator progressing along the time axis, throughout the length of the late
response, an independent random binary decision is first implemented to decide whether a reflection should be
generated at the given time instant. The probability of a positive decision increases with time, ideally quadratically,
for increasing echo density. If a reflection is to be generated, a pair of single impulses, each in one of the binaural
channels, is generated with the desired ITD/ILD characteristics. The process of ITD/ILD control typically includes
the following sub-steps:
a. generate a first interaural delay value, dDIR, which is equal to the ITD of the source direction. Also generate
a first random sample value pair (a 132 vector), XDIR, which carries the ILD of the source direction. The ITD
and ILD can be determined based on either the HRTF associated with the source direction or a suitable head
model. The sign of the two sample values should be identical. The average value of the two samples should
roughly follow normal distribution with zero mean and unit standard deviation.
b. generate a second interaural delay value, dDIF, randomly which follows the ITD pattern of reflections from a
diffuse sound field. Also generate a second random sample value pair (a 132 vector), XDIF, which follows the
ILD pattern of reflections from a diffuse sound field. The diffuse field ITD can be modeled by a random variable
with uniform distribution between -dMAX and dMAX, where dMAX is the delay corresponding to the distance
between the ears. The sample values can originate from independent normal distribution with zero mean and
unit standard deviation, and then be modified based on the diffuse field ILD constraint. The sign of the two
values in XDIF should be identical.
c. compute the weighted averages of the two interaural delays, dREF = (1-α) dDIR + α dDIF, and the two sample
value pairs, XREF = (1-α) xDIR + α xDIF. Here α is a mixing weight between 0 and 1.
d. create a binaural impulse pair based on dREF and XREF. The impulse pair is placed around the current time
instant with a time spread of |dREF|, and the sign of dREF determines which binaural channel would lead. The
sample value in XREF with the larger absolute value is used as the sample value for the leading impulse, and
the other is used as the trailing impulse. If any of the impulse of the pair is to be place at a time slot that is
already used in previous time instants (due the time spread for interaural delay), it is preferred that the new
value is added to the existing value rather than replaces it; and
2. Repeat Step 1 until the end of the BRIR late response is reached. The weight α is set to 0.0 at the beginning of
the late response and gradually increased to 1.0 to create the directional-to-diffuse transition effect on ITD/ILD.

55

[0098] In other implementations of late response generator 114, other methods are performed to create similar transitional behavior. In order to introduce the diffusion and decorrelation effects to the reflections for improved naturalness,
a pair of multi-stage all-pass filters (APFs) may be applied to the left- and right-channels of the generated binaural
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response, respectively, as the final step performed by echo generator 130. The inventors have found that for best
performance in common applications, the time-spreading effect of the APFs should be in the order of 1 ms, with maximum
binaural decorrelation possible. The APFs also need to have the same group delay in order to maintain binaural balance.
[0099] As noted earlier, the macro attributes of the late response have profound and critical perceptual impact, both
spatially and timbrally. The energy decay time is an essential attribute that characterize the acoustic environment.
Lengthy decay time causes excess and unnatural reverberation that degrades audio quality. It is especially detrimental
to dialog clarity. On the other hand, insufficient decay time reduces externalization and causes mismatch to the acoustic
space. Interaural coherence is essential to the focus of sound source images and depth perception. A too-high coherence
value causes the sound source image to become internalized, and a too-low coherence value causes the sound source
image to spread or split. Ill-balanced coherence across frequency also causes the sound source image to stretch or
split. Spectral distribution of the late response is essential to the timbre and naturalness. The ideal spectral distribution
for the late response usually has flat and highest level between 500 Hz and 1 kHz. It tapers off at the high-frequency
end to follow a natural acoustic characteristic and at the low-frequency end to avoid combing artifact. As an extra
mechanism to reduce combing, the ramp-up of the late response is made slower in the lower frequency.
[0100] To impose these macro attributes, the Fig. 8 embodiment of late response generator 114 is configured as
follows. The output of stochastic echo generator 130 is filtered by spectral shaping filter 131 (in the time domain in Fig.
8, but alternatively in the frequency domain after the DFT filterbank 132), and the output of filter 131 is decomposed (by
DFT filterbank 132) into frequency bands. In each frequency band, a 2x2 mixing matrix (implemented by stage 133) is
applied to introduce desired interaural coherence (between the left and right binaural channels) and a temporal shaping
curve is applied (by stage 134) to enforce desired energy attack and decay times. Stage 134 can also apply a gain to
control the desired spectral envelope. After these processes, the subband signals are assembled back to the time domain
(by inverse DFT filterbank 135). It should be noted that the order of functions performed by blocks 131, 133, and 134 is
interchangeable. The two channels (left and right binaural channels) of the output of filterbank 135 are the late response
portion of the candidate BRIR.
[0101] The late response portion of the candidate BRIR is combined (in subsystem 115 of Fig. 6) with the direct and
early BRIR components with proper delay and gain based on the source distance, direct to reverb (DR) ratio, and early
reflection to late response (EL) ratio.
[0102] In the Fig. 8 implementation of late response generator 114, a DFT filterbank 132 is used for conversion from
the time domain to the frequency domain, inverse DFT filterbank 135 is used for conversion from the frequency domain
to the time domain, and spectral shaping filter 131 is implemented in the time-domain. In other embodiments, another
type of analysis filterbank (replacing DFT filterbank 132) is used for conversion from the time domain to the frequency
domain, and another type of synthesis filterbank (replacing inverse DFT filterbank 135) is used for conversion from the
frequency domain to the time domain, or the late response generator is implemented entirely in the time domain.
[0103] One benefit of typical embodiments of the inventive numerically-optimized BRIR generation method is that they
can readily generate a BRIR which meets any of a wide range of design criteria (e.g., the HRTF portion thereof has
certain desired properties, and/or the BRIR has a desired direct-to-reverberation ratio). For example, it is well known
that HRTFs vary considerably from one person to the next. Typical embodiments of the inventive method generate
BRIRs that allow optimization of the virtual listening environment for a specific set of HRTFs associated with a specific
listener. Alternatively or additionally, the physical environment in which a listener is situated may have specific properties
such as a certain reverberation time that one wants to mimic in the virtual listening environment (and corresponding
BRIRs). Such design criteria can be included as constraints in the optimization process. Yet another example is the
situation in which a strong reflection is expected at the listener’s position due to the presence of a desk or a wall. The
generated BRIRs can be optimized based on the perceptual distortion metric given such constraints.
[0104] It should be appreciated that in some embodiments, a binaural output signal generated in accordance with the
invention is indicative of audio content that is intended to be perceived as emitting from "overhead" source locations
(virtual source locations above the horizontal plane of the listener’s ears) and/or audio content that is perceived as
emitting from virtual source locations in the horizontal plane of the listener’s ears. In either case, the BRIR employed to
generate the binaural output signal would typically have an HRTF portion (for the direct response that corresponds to
the sound source direction and distance), and a reflection (and/or reverb) portion for implementing reflections and late
response derived from a model of a physical or virtual room.
[0105] To render a binaural signal indicative of audio content perceived as emitting from "overhead" source locations,
the rendering method employed would typically be the same as a conventional method for rendering a binaural signal
indicative only of audio content intended to be perceived as emitting from virtual source locations in the horizontal plane
of the listener’s ears.
[0106] The illusion of height provided by a BRIR which is simply an HRTF alone (without an early reflection or late
response portion) can be increased by augmenting the BRIR to be indicative of early reflections from specific directions.
In particular, the inventors have found that the ground reflection typically used (when the binaural output is to be indicative
only of sources in the horizontal plane of the listener’s ears) can reduce the height sensation when the binaural output
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is to be indicative of overhead sources. To prevent this, the BRIR can be designed in accordance with some embodiments
of the invention to replace each ground reflection with two overhead reflections at the same azimuth as the overhead
source but at higher elevation. The early reflection emanating from the same azimuth and elevation as the sound source
is retained in the overhead model, bringing the total number of early reflections for overhead sources to three. To support
virtualization of object channels (as well as speaker channels), interpolated BRIRs may be used, where the interpolated
BRIRs are generated by interpolating between a small set of predetermined BRIRs (generated in accordance with an
embodiment of the invention) which are indicative of different ground and overhead early reflections as a function of
source position.
[0107] In another class of embodiments, the invention is a method for generating a binaural signal in response to a
set of N channels of a multi-channel audio input signal, where N is a positive integer (e.g., N = 1, or N is greater than
1), said method including steps of:
(a) applying N (e.g., in the N subsystems 12,..., 14 of APU 10 of Fig. 4) binaural room impulse responses, BRIR1,
BRIR2, ..., BRIRN, to the set of channels of the audio input signal, thereby generating filtered signals, including by
applying the "i"th one of the binaural room impulse responses, BRIRi, to the "i"th channel of the set, for each value
of index i in the range from 1 through N; and
(b) combining the filtered signals (e.g., in elements 16 and 18 of APU 10 of Fig. 4) to generate the binaural signal,
wherein each said BRIRi, when convolved with the "i"th channel of the set, generates a binaural signal indicative of
sound from a source having a direction, xi, and a distance, di, relative to an intended listener, and each said BRIR i
has been designed by a method including steps of:
(c) generating candidate binaural room impulse responses (candidate BRIRs) in accordance with a simulation model
(e.g., the model implemented by subsystem 101 of the Fig. 5 implementation of BRIR generator 31 of Fig. 4) which
simulates a response of an audio source, having a candidate BRIR direction and a candidate BRIR distance relative
to an intended listener, where the candidate BRIR direction is at least substantially equal to the direction, xi, and
the candidate BRIR distance is at least substantially equal to the distance, di;
(d) generating performance metrics (e.g., in subsystem 107 of the Fig. 5 implementation of BRIR generator 31 of
Fig. 4), including a performance metric for each of the candidate BRIRs, by processing the candidate BRIRs in
accordance with at least one objective function; and
(e) identifying (e.g., in subsystem 107 of the Fig. 5 implementation of BRIR generator 31 of Fig. 4) one of the
performance metrics having an extremum value, and identifying (e.g., in subsystem 107 of the Fig. 5 implementation
of BRIR generator 31), as the BRIRi, one of the candidate BRIRs for which the performance metric has said extremum
value.
[0108] There are many embodiments of a headphone virtualizer which applies BRIRs which have been generated in
accordance with an embodiment of the invention. Each virtualizer is configured to generate a 2-channel, binaural output
signal in response to an M-channel audio input signal (and so typically includes one or more down-mixing stages each
implementing a down-mixing matrix) and also to apply a BRIR to each channel of the audio input signal which is downmixed
to 2 output channels. For performing virtualization on speaker channels (indicative of content corresponding to loudspeakers in fixed positions), one such virtualizer applies a BRIR to each speaker channel (so that the binaural output is
indicative of content for a virtual loudspeaker corresponding to the speaker channel), each such BRIR having been
predetermined offline. At runtime, each channel of the multi-channel input signal is convolved with its associated BRIR
and the results of the convolution operations are then downmixed into the 2-channel binaural output signal. The BRIRs
are typically pre-scaled such that downmix coefficients equal to 1 can be used. Alternatively, to achieve a similar result
with lower computational complexity, each input channel is convolved with a "direct and early reflection" portion of a
single-channel BRIR, a downmix of the input channels is convolved with a late reverberation portion of a downmix BRIR
(e.g., a late reverberation portion of one of the single-channel BRIRs), and the results of the convolution operations are
then downmixed into the 2-channel binaural output signal.
[0109] For rendering object channels of a multi-channel object-based audio input signal (each of which object channels
may be indicative of content associated with a fixed or moving audio object), any of multiple approaches are possible.
For example, in some embodiments each object channel of the multi-channel input signal is convolved with an associated
BRIR (which has been predetermined, offline, in accordance with an embodiment of the invention) and the results of
the convolution operations are then downmixed into the 2-channel binaural output signal. Alternatively, to achieve a
similar result with lower computational complexity, each object channel is convolved with a "direct and early reflection"
portion of a single-channel BRIR, a downmix of the object channels is convolved with a late reverberation portion of a
downmix BRIR (e.g., a late reverberation portion of one of the single-channel BRIRs), and the results of the convolution
operations are then downmixed into the 2-channel binaural output signal.
[0110] Regardless of whether the input signal channels undergoing virtualization are speaker channels or object
channels, the most straightforward virtualization approach is typically to implement the virtualizer to generate its binaural

17

EP 3 090 576 B1

5

10

15

20

25

30

35

40

output to be indicative of the outputs of a sufficient number of virtual speakers to allow smooth panning in 3D space of
each sound source indicated by the binaural signal’s content between the locations of the virtual speakers. In our
experience, a binaural signal indicative of output from seven virtual speakers in the horizontal plane of the assumed
listener’s ears is typically sufficient for good panning performance, and the binaural signal may also be indicative of
output of a small number of overhead virtual speakers (e.g., four overhead virtual speakers) in virtual positions above
the horizontal plane of the assumed listener’s ears. With four such overhead virtual speakers and seven other virtual
speakers, the binaural signal would be indicative of a total of 11 virtual speakers.
[0111] The inventors have found that properly-designed BRIRs indicative of reflections optimized for one virtual source
direction and distance can often be used for virtual sources in other positions in the same virtual environment (e.g.,
virtual room) with minimal loss of performance. In case of exceptions to this rule, BRIRs indicative of optimized reflections
for each of a small number of different virtual source locations can be generated, and interpolation between them can
be performed (e.g., in a virtualizer) as a function of sound source position, to generate a different interpolated BRIR for
each needed virtual source location.
[0112] In some embodiments, the method generates a BRIR so as to maximize sound source externalization for the
center channel (of a 5.1 or 7.1 channel audio input signal to be virtualized) under the constraint of neutral timbre. The
center channel is widely regarded as the most difficult to virtualize since the number of perceptual cues are reduced (no
ITD/ILD, where ITD is interaural time difference, or difference in arrival times between the two ears, and ILD is interaural
level difference), visual cues are not always present to assist the localization, and so on. It is contemplated that various
embodiments of the invention generate BRIRs useful for virtualizing input signals having any of many different formats,
e.g., input signals having 2.0, 5.1, 7.1, 7.1.2, or 7.1.4 speaker channel formats (where "7.1.x" format denotes 7 channels
for speakers in the horizontal plane of the listener’s ears, 4 channels for speakers in a square pattern overhead, and
one Lfe channel).
[0113] Typical embodiments do not assume that the input signal channels are speaker channels or object channels
(i.e., they could be either). In choosing optimal BRIRs for virtualizing a multi-channel input signal whose channels consist
of speaker channels only, an optimal BRIR for each speaker channel may be chosen (each of which, in turn, assumes
a specific source direction relative to a listener). If the input signal to the virtualizer is expected to be an object-based
audio program indicative of one or more sources, each panned through a wide range of positions, the binaural output
signal would typically be indicative of more virtual speaker locations than would the binaural output signal in the case
that the input signal comprises only a small number of speaker channels (and no object channels), and thus more BRIRs
would need to be determined (each for a different virtual speaker position) and applied to virtualize the object-based
audio program than the speaker-channel input signal. In operation to virtualize a typical object-based audio program, it
is contemplated that some embodiments of the inventive virtualizer would interpolate between predetermined BRIRs
(each for one of a small number of virtual speaker positions) to generate interpolated BRIRs (each for one of a large
number of virtual speaker positions), and apply the interpolated BRIRs to generate the binaural output to be indicative
of a pan over a wide range of source positions.
[0114] While specific embodiments of the present invention and applications of the invention have been described
herein, it will be apparent to those of ordinary skill in the art that many variations on the embodiments and applications
described herein are possible without departing from the scope of the invention described and claimed herein. It should
be understood that while certain forms of the invention have been shown and described, the invention is not to be limited
to the specific embodiments described and shown or the specific methods described.
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1.

A method for generating a binaural signal in response to a set of N channels of a multi-channel audio input signal,
where N is a positive integer, said method including steps of:
(a) applying N binaural room impulse responses, BRIR1, BRIR2, ..., BRIRN, to the set of channels of the audio
input signal, thereby generating filtered signals, including by applying the "i"th one of the binaural room impulse
responses, BRIRi, to the "i"th channel of the set, for each value of index i in the range from 1 through N; and
(b) combining the filtered signals to generate the binaural signal, wherein each said BRIRi, when convolved
with the "i"th channel of the set, generates a binaural signal indicative of sound from a source having a direction,
xi, and a distance, di, relative to an intended listener, and at least one of said BRIRi has been designed by a
method including steps of:
(c) generating candidate binaural room impulse responses (candidate BRIRs) (101) in accordance with a simulation model which simulates a response of an audio source, having a candidate BRIR direction and a candidate
BRIR distance relative to an intended listener, where the candidate BRIR direction is at least substantially equal
to the direction, xi, and the candidate BRIR distance is at least substantially equal to the distance, di;
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(d) generating performance metrics (107), including a performance metric for each of the candidate BRIRs, by
processing the candidate BRIRs in accordance with at least one objective function; and
(e) identifying one of the performance metrics having an extremum value, and identifying, as the BRIRi, one of
the candidate BRIRs for which the performance metric has said extremum value (108);
5

wherein the simulation model is a stochastic model that uses a combination of deterministic and stochastic elements,
wherein step (d) includes a step of determining a target BRIR for each said candidate BRIR direction (105), and
wherein the performance metric for each of the candidate BRIRs is indicative of a degree of similarity between said
each of the candidate BRIRs and the target BRIR corresponding to the candidate BRIR direction for said each of
the candidate BRIRs, wherein the degree of similarity is numerically evaluated in accordance with the at least one
objective function.

10

2.

The method of claim 1, wherein the stochastic elements are driven in part by random variables and, wherein one
or more of the random variables are pseudo-random variables.

3.

A system configured to generate a binaural signal in response to a set of N channels of a multi-channel audio input
signal, where N is a positive integer, said system including:

15

a filtering subsystem coupled and configured to apply N binaural room impulse responses, BRIR1, BRIR2, ...,
BRIRN, to the set of channels of the audio input signal, thereby generating filtered signals, including by applying
the "i"th one of the binaural room impulse responses, BRIRi, to the "i"th channel of the set, for each value of
index i in the range from 1 through N; and
a signal combining subsystem, coupled to the filtering subsystem, and configured to generate the binaural signal
by combining the filtered signals,
wherein each said BRIRi, when convolved with the "i"th channel of the set, generates a binaural signal indicative
of sound from a source having a direction, xi, and a distance, di, relative to an intended listener, and at least
one of said BRIRi has been predetermined by a method including steps of:
generating candidate binaural room impulse responses (candidate BRIRs) (101) in accordance with a simulation
model which simulates a response of an audio source, having a candidate BRIR direction and a candidate BRIR
distance relative to an intended listener, where the candidate BRIR direction is at least substantially equal to
the direction, xi, and the candidate BRIR distance is at least substantially equal to the distance, di;
generating performance metrics, including a performance metric for each of the candidate BRIRs, by processing
the candidate BRIRs in accordance with at least one objective function; and
identifying one of the performance metrics (107) having an extremum value, and identifying, as the BRIRi, one
of the candidate BRIRs for which the performance metric has said extremum value (108);
wherein the simulation model is a stochastic model that uses a combination of deterministic and stochastic
elements,
wherein each said BRIRi has been designed by a method including a step of determining a target BRIR for each
said candidate BRIR direction (105), and wherein the performance metric for each of the candidate BRIRs is
indicative of a degree of similarity between said each of the candidate BRIRs and the target BRIR corresponding
to the candidate BRIR direction for said each of the candidate BRIRs,
wherein the degree of similarity is numerically evaluated in accordance with the at least one objective function.
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4.

The system of claim 3, wherein the stochastic elements are driven in part by random variables.

5.

The system of claim 4, wherein one or more of the random variables are pseudo-random variables.

6.

The system of claim 3, 4 or 5, wherein the step of generating BRIRs includes a step of generating one or more noise
sequences.

7.

The system of claim 3, wherein each said BRIRi has been designed by a method including a step of comparing a
perceptually banded, frequency domain representation of each of the candidate BRIRs with a perceptually banded,
frequency domain representation of the target BRIR corresponding to the candidate BRIR direction for said each
of the candidate BRIRs.

8.

The system of claim 7, wherein the performance metric for said each of the candidate BRIRs is indicative of specific
loudness in critical frequency bands of the target BRIR and said each of the candidate BRIRs.
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9.

The system of claim 7, wherein each said perceptually banded, frequency domain representation comprises a left
channel having B frequency bands and a right channel having B frequency bands, and the performance metric for
said each of the candidate BRIRs is at least substantially equal to:
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where n is an index indicative of channel, whose value n= 1 indicates the left channel, and whose value n= 2
indicates the right channel,
Cnk = Perceptual energy for channel n, frequency band k of said each of the candidate BRIRs,
Tnk = Perceptual energy for channel n, frequency band k of the target BRIR corresponding to the candidate
BRIR direction for said each of the candidate BRIRs,
glog = a log gain offset that minimizes D, and
wn = is a weighting factor for channel n.
10. An audio processing unit, including:
a memory which stores data indicative of a binaural room impulse response (BRIR) which, when convolved
with an input audio channel, generates a binaural signal indicative of sound from a source having a direction
and a distance relative to an intended listener; and
a processing subsystem coupled to the memory and configured to perform at least one of: generation of said
data indicative of the BRIR, or generation of a binaural signal in response to a set of channels of a multi-channel
audio input signal using said data indicative of the BRIR, wherein the BRIR has been predetermined by a method
including steps of:
generating candidate binaural room impulse responses (candidate BRIRs) (101) in accordance with a
simulation model which simulates a response of an audio source, having a candidate BRIR direction and
a candidate BRIR distance relative to an intended listener, where the candidate BRIR direction is at least
substantially equal to the direction, and the candidate BRIR distance is at least substantially equal to the
distance;
generating performance metrics (107), including a performance metric for each of the candidate BRIRs, by
processing the candidate BRIRs in accordance with at least one objective function; and
identifying one of the performance metrics having an extremum value, and identifying, as the BRIR, one of
the candidate BRIRs for which the performance metric has the extremum value (108) ;
wherein the simulation model is a stochastic model that uses a combination of deterministic and stochastic
elements,
wherein said BRIR has been designed by a method including a step of determining a target BRIR for each
said candidate BRIR direction (105), and wherein the performance metric for each of the candidate BRIRs
is indicative of a degree of similarity between said each of the candidate BRIRs and the target BRIR
corresponding to the candidate BRIR direction for said each of the candidate BRIRs,
wherein the degree of similarity is numerically evaluated in accordance with the at least one objective
function.
11. The audio processing system of claim 10, wherein the stochastic elements are driven in part by random variables.

50

12. The audio processing system of claim 11, wherein one or more of the random variables are pseudo-random variables.
13. The audio processing system of claim 10, 11 or 12, wherein the step of generating BRIRs includes a step of generating
one or more noise sequences.

55

14. The audio processing unit of claim 10, wherein said BRIR has been designed by a method including a step of
comparing a perceptually banded, frequency domain representation of each of the candidate BRIRs with a perceptually banded, frequency domain representation of the target BRIR corresponding to the candidate BRIR direction
for said each of the candidate BRIRs.
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15. A non-transitory computer readable storage medium comprising a sequence of instructions, wherein, when an audio
processing device executes the sequence of instructions, the audio processing device performs the method of claim 1.

5

Patentansprüche
1.

Verfahren zum Erzeugen eines binauralen Signals in Reaktion auf eine Gruppe aus N Kanälen eines Mehrkanalaudioeingangssignals, wobei N eine positive Ganzzahl ist, wobei das Verfahren die folgenden Schritte umfasst:
(a) Anlegen von N binauralen Raumimpulsantworten BRIR1, BRIR2, ..., BRIRN an die Gruppe von Kanälen des
Audioeingangssignals, dadurch Erzeugen von gefilterten Signalen, was durch Anlegen des "i"-ten aus den
binauralen Raumimpulsantworten, BRIR i, an den "i"-ten Kanal der Gruppe für jeden Wert des Index i in dem
Bereich von 1 bis einschließlich N umfasst; und
(b)Kombinieren der gefilterten Signale, um das binaurale Signal zu erhalten, wobei jede der BRIRi, wenn sie
mit dem "i"-ten Kanal der Gruppe gefaltet wird, ein binaurales Signal erzeugt, das Ton aus einer Quelle angibt,
die eine Richtung, xi, und einen Abstand, di, relativ zu dem vorgesehenen Hörer aufweist, und wenigstens eine
aus den BRIRi durch ein Verfahren konstruiert worden ist, das die folgenden Schritte enthält:
(c)Erzeugen von binauralen Kandidaten-Raumimpulsantworten (Kandidaten-BRIRs) (101) in Übereinstimmung
mit einem Simulationsmodell, das eine Antwort einer Audioquelle simuliert, die eine Kandidaten-BRIR-Richtung
und einen Kandidaten-BRIR-Abstand relativ zu einem vorgesehenen Hörer aufweist, wobei die KandidatenBRIR-Richtung wenigstens im Wesentlichen gleich der Richtung, xi, ist und der Kandidaten-BRIR-Abstand
wenigstens im Wesentlichen gleich dem Abstand, di, ist;
(d)Erzeugen von Leistungsmetriken (107), die eine Leistungsmetrik für jeden aus den Kandidaten-BRIRs enthalten, durch Verarbeiten der Kandidaten-BRIRs in Übereinstimmung mit wenigstens einer Zielfunktion; und
(e)Identifizieren einer aus den Leistungsmetriken, die einen Extremwert aufweist, und Identifizieren als die
BRIRi eine aus den Kandidaten-BRIRs, für die die Leistungsmetrik den Extremwert aufweist (108);
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wobei das Simulationsmodell ein stochastisches Modell ist, das eine Kombination aus deterministischen und stochastischen Elementen verwendet,
wobei der Schritt (d) einen Schritt zum Bestimmen einer Ziel-BRIR für jede Kandidaten-BRIR-Richtung enthält (105),
und wobei die Leistungsmetrik für jede aus den Kandidaten-BRIRs einen Grad der Ähnlichkeit zwischen jedem aus
den Kandidaten-BRIRs und der Ziel-BRIR, die der Kandidaten-BRIR-Richtung für jeden der Kandidaten-BRIRs
entspricht, angibt, wobei der Grad der Ähnlichkeit numerisch in Übereinstimmung mit der wenigstens einen Zielfunktion ausgewertet wird.
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2.

Verfahren nach Anspruch 1, wobei die stochastischen Elemente teilweise durch Zufallsvariablen gesteuert werden
und wobei eine oder mehrere der Zufallsvariablen Pseudozufallsvariablen sind.

3.

System, das konfiguriert ist, ein binaurales Signal in Reaktion auf eine Gruppe aus N Kanälen eines Mehrkanalaudioeingangssignals zu erzeugen, wobei N eine positive Ganzzahl ist, wobei das System Folgendes enthält:
ein Filterteilsystem, das gekoppelt und konfiguriert ist, N binaurale Raumimpulsantworten BRIR1, BRIR2, ...,
BRIRN an die Gruppe von Kanälen des Audioeingangssignals anzulegen, dadurch gefilterte Signale erzeugt,
was durch Anlegen des "i"-ten aus den binauralen Raumimpulsantworten, BRIRi, an den "i"-ten Kanal der
Gruppe für jeden Wert des Index i in dem Bereich von 1 bis einschließlich N enthält; und
ein Signalkombinierungssystem, das mit dem Filterteilsystem gekoppelt ist und konfiguriert ist, das binaurale
Signal durch Kombinieren der gefilterten Signale zu erzeugen,
wobei jede der BRIRi, wenn sie mit dem "i"-ten Kanal der Gruppe gefaltet wird, ein binaurales Signal erzeugt,
das Ton aus einer Quelle angibt, die eine Richtung, xi, und einen Abstand, di, relativ zu dem vorgesehenen
Hörer aufweist, und wenigstens eine aus den BRIRi durch ein Verfahren vorbestimmt worden ist, das die
folgenden Schritte enthält:
Erzeugen von binauralen Kandidaten-Raumimpulsantworten (Kandidaten-BRIRs) (101) in Übereinstimmung mit einem Simulationsmodell, das eine Antwort einer Audioquelle simuliert, die eine KandidatenBRIR-Richtung und einen Kandidaten-BRIR-Abstand relativ zu einem vorgesehenen Hörer aufweist, wobei
die Kandidaten-BRIR-Richtung wenigstens im Wesentlichen gleich der Richtung, xi, ist und der KandidatenBRIR-Abstand wenigstens im Wesentlichen gleich dem Abstand, di, ist;
Erzeugen von Leistungsmetriken, die eine Leistungsmetrik für jeden aus den Kandidaten-BRIRs enthalten,
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durch Verarbeiten der Kandidaten-BRIRs in Übereinstimmung mit wenigstens einer Zielfunktion; und
Identifizieren einer aus den Leistungsmetriken, die einen Extremwert aufweist, und Identifizieren als die
BRIRi eine aus den Kandidaten-BRIRs, für die die Leistungsmetrik den Extremwert aufweist (108);
wobei das Simulationsmodell ein stochastisches Modell ist, das eine Kombination aus deterministischen
und stochastischen Elementen verwendet,
wobei jede der BRIR durch ein Verfahren konstruiert worden ist, das einen Schritt zum Bestimmen einer
Ziel-BRIR für jede Kandidaten-BRIR-Richtung enthält (105), und wobei die Leistungsmetrik für jede aus
den Kandidaten-BRIRs einen Grad der Ähnlichkeit zwischen jeder aus den Kandidaten-BRIRs und der ZielBRIR, die der Kandidaten-BRIR-Richtung für jede der Kandidaten-BRIRs entspricht, angibt,
wobei der Grad der Ähnlichkeit numerisch in Übereinstimmung mit der wenigstens einen Zielfunktion ausgewertet wird.

5

10

4.

System nach Anspruch 3, wobei die stochastischen Elemente teilweise durch Zufallsvariable gesteuert werden.

5.

System nach Anspruch 4, wobei eine oder mehrere der Zufallsvariablen Pseudozufallsvariablen sind.

6.

System nach Anspruch 3, 4 oder 5, wobei der Schritt zum Erzeugen von BRIRs einen Schritt zum Erzeugen einer
oder mehrerer Rauschfolgen enthält.
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7.

System nach Anspruch 3, wobei jede BRIRi durch ein Verfahren konstruiert worden ist, das einen Schritt zum
Vergleichen einer wahrnehmbar gebänderten Frequenzdomänenrepräsentation jeder der Kandidaten-BRIRs mit
einer wahrnehmbar gebänderten Frequenzdomänenrepräsentation der Ziel-BRIR, die der Kandidaten-BRIR-Richtung für jede der Kandidaten-BRIRs entspricht, enthält.

25

8.

System nach Anspruch 7, wobei die Leistungsmetrik für jede der Kandidaten-BRIRs eine spezifische Lautstärke in
kritischen Frequenzbändern der Ziel-BRIR und jeder der Kandidaten-BRIRs angibt.

9.

System nach Anspruch 7, wobei jede wahrnehmbar gebänderte Frequenzdomänenrepräsentation einen linken
Kanal, der B Frequenzbänder aufweist, und einen rechten Kanal, der B Frequenzbänder aufweist, umfasst und die
Leistungsmetrik für jede der Kandidaten-BRIRs wenigstens im Wesentlichen gleich ist zu:
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wobei n ein Index ist, der den Kanal angibt, dessen Wert n = 1 den linken Kanal angibt und dessen Wert n = 2
den rechten Kanal angibt,
Cnk = Wahrnehmungsenergie für den Kanal n, das Frequenzband k jeder der Kandidaten-BRIRs,
Tnk = Wahrnehmungsenergie für den Kanal n, das Frequenzband k der Ziel-BRIR, die der Kandidaten-BRIRRichtung für jeden der Kandidaten-BRIRs entspricht,
glog = ein Log-Verstärkungsversatz, der D minimiert, und
wn = ein Gewichtungsfaktor für den Kanal n ist.
10. Audioverarbeitungseinheit, die Folgendes enthält:
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einen Speicher, der Daten speichert, die eine binaurale Raumimpulsantwort (BRIR) angeben, die dann, wenn
sie mit einem Eingangsaudiokanal gefaltet wird, ein binaurales Signal erzeugt, das einen Ton aus einer Quelle
angibt, die eine Richtung und einen Abstand relativ zu einem vorgesehenen Hörer aufweist; und
ein Verarbeitungsteilsystem, das mit dem Speicher gekoppelt ist und konfiguriert ist, wenigstens eines aus dem
Folgenden auszuführen: Erzeugung der Daten, die die BRIR angeben, oder Erzeugung eines binauralen Signals
in Reaktion auf eine Gruppe von Kanälen eines Mehrkanalaudioeingangssignals unter Verwendung der Daten,
die die BRIR angeben, wobei die BRIR durch ein Verfahren vorbestimmt worden ist, das die folgenden Schritte
enthält:
Erzeugen von binauralen Kandidaten-Raumimpulsantworten (Kandidaten-BRIRs) (101) in Übereinstim-
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mung mit einem Simulationsmodell, das eine Antwort einer Audioquelle simuliert, die eine KandidatenBRIR-Richtung und einen Kandidaten-BRIR-Abstand relativ zu einem vorgesehenen Hörer aufweist, wobei
die Kandidaten-BRIR-Richtung wenigstens im Wesentlichen gleich der Richtung ist und der KandidatenBRIR-Abstand wenigstens im Wesentlichen gleich dem Abstand ist;
Erzeugen von Leistungsmetriken (107), die eine Leistungsmetrik für jede aus den Kandidaten-BRIRs enthalten, durch Verarbeiten der Kandidaten-BRIRs in Übereinstimmung mit wenigstens einer Zielfunktion; und
Identifizieren einer aus den Leistungsmetriken, die einen Extremwert aufweist, und Identifizieren als die
BRIR eine aus den Kandidaten-BRIRs, für die die Leistungsmetrik den Extremwert aufweist (108);
wobei das Simulationsmodell ein stochastisches Modell ist, das eine Kombination aus deterministischen
und stochastischen Elementen verwendet,
wobei die BRIR durch ein Verfahren konstruiert worden ist, das einen Schritt zum Bestimmen einer ZielBRIR für jede Kandidaten-BRIR-Richtung enthält (105), und wobei die Leistungsmetrik für jede aus den
Kandidaten-BRIRs einen Grad der Ähnlichkeit zwischen jeder aus den Kandidaten-BRIRs und der ZielBRIR, die der Kandidaten-BRIR-Richtung für jeden der Kandidaten-BRIRs entspricht, angibt,
wobei der Grad der Ähnlichkeit numerisch in Übereinstimmung mit der wenigstens einen Zielfunktion ausgewertet wird.
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11. Audioverarbeitungssystem nach Anspruch 10, wobei die stochastischen Elemente teilweise durch Zufallsvariable
gesteuert werden.
20

12. Audioverarbeitungssystem nach Anspruch 11, wobei eine oder mehrere der Zufallsvariablen Pseudozufallsvariablen
sind.
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13. Audioverarbeitungssystem nach Anspruch 10, 11 oder 12, wobei der Schritt zum Erzeugen von BRIRs einen Schritt
zum Erzeugen einer oder mehrerer Rauschfolgen enthält.
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14. Audioverarbeitungseinheit nach Anspruch 10, wobei jede BRIR durch ein Verfahren konstruiert worden ist, das
einen Schritt zum Vergleichen einer wahrnehmbar gebänderten Frequenzdomänenrepräsentation jeder der Kandidaten-BRIRs mit wahrnehmbar gebänderten Frequenzdomänenrepräsentation der Ziel-BRIR, die der KandidatenBRIR-Richtung für jede der Kandidaten-BRIRs entspricht, enthält.
15. Nichtflüchtiges computerlesbares Speichermedium, das eine Folge von Anweisungen umfasst, wobei dann, wenn
eine Audioverarbeitungsvorrichtung die Folge von Anweisungen ausführt, die Audioverarbeitungsvorrichtung das
Verfahren nach Anspruch 1 ausführt.
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Revendications
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Procédé de génération d’un signal binaural en réponse à un ensemble de N canaux d’un signal d’entrée audio à
canaux multiples, où N est nombre entier positif, ledit procédé comportant les étapes consistant en
(a) l’application de N réponses impulsionnelles de salle binaurales, BRIR1, BRIR2, ..., BRIRN, à l’ensemble de
canaux du signal d’entrée audio, générant ainsi des signaux filtrés, comportant l’application de la "ième" réponse
des réponses impulsionnelles de salle binaurales, BRIRi, à l’ "ième" canal de l’ensemble, pour chaque valeur
d’indice i dans la plage de 1 à N ; et
(b) la combinaison des signaux filtrés pour générer le signal binaural, dans lequel chaque dite BRIRi, convoluée
avec l’ "ième" canal de l’ensemble, génère un signal binaural indicatif d’un son provenant d’une source ayant
un sens, xi, et une distance, di, relativement à un auditeur voulu, et au moins l’une desdites BRIRi a été conçue
par un procédé comportant les étapes consistant en :
(c) la génération de réponses impulsionnelles de salle binaurales possibles (BRIR possibles) (101) conformément à un modèle de simulation qui simule une réponse d’une source audio, ayant un sens de BRIR possible
et une distance de BRIR possible relativement à un auditeur voulu, où le sens de BRIR possible est au moins
sensiblement égal au sens, xi, et la distance de BRIR possible est au moins sensiblement égale à la distance, di ;
(d) la génération de métriques de performance (107), comportant une métrique de performance pour chacune
des BRIR possibles, en traitant les BRIR possibles conformément à au moins une fonction objective ; et
(e) l’identification de l’une des métriques de performance ayant une valeur extrême, et l’identification, comme
BRIRi, de l’une des BRIR possibles pour laquelle la métrique de performance a ladite valeur extrême (108) ;
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dans lequel le modèle de simulation est un modèle stochastique qui utilise une combinaison d’éléments déterministes
et stochastiques,
dans lequel l’étape (d) comporte une étape de détermination d’une BRIR cible pour chaque dit sens de BRIR possible
(105),
et dans lequel la métrique de performance de chacune des BRIR possibles est indicative d’un degré de similarité
entre ladite chacune des BRIR possibles et la BRIR cible correspondant au sens de BRIR possible de ladite chacune
des BRIR possibles, dans lequel le degré de similarité est évalué numériquement conformément à l’au moins une
fonction objective.
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2.

Procédé selon la revendication 1, dans lequel les éléments stochastiques sont commandés en partie par des
variables aléatoires et, dans lequel une ou plusieurs des variables aléatoires sont des variables pseudo-aléatoires.

3.

Système configuré pour générer un signal binaural en réponse à un ensemble de N canaux d’un signal d’entrée
audio à canaux multiples, où N est un nombre entier positif, ledit système comportant :

15

un sous-système de filtrage couplé et configuré pour appliquer N réponses impulsionnelles de salle binaurales,
BRIR1, BRIR2, ..., BRIRN, à l’ensemble de canaux du signal d’entrée audio, générant ainsi des signaux filtrés,
comportant l’application de la "ième" réponse des réponses impulsionnelles de salle binaurales, BRIRi, à l’"ième"
canal de l’ensemble, pour chaque valeur d’indice i dans la plage de 1 à N ; et
un sous-système de combinaison de signaux, couplé au sous-système de filtrage, et configuré pour générer
le signal binaural en combinant les signaux filtrés,
dans lequel chaque dite BRIRi, convoluée avec l’"ième" canal de l’ensemble, génère un signal binaural indicatif
d’un son provenant d’une source ayant un sens, xi, et une distance, di, relativement à un auditeur voulu, et au
moins l’une desdites BRIRi a été prédéterminée par un procédé comportant les étapes consistant en :
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la génération de réponses impulsionnelles de salle binaurales possibles (BRIR possibles) (101) conformément à un modèle de simulation qui simule une réponse d’une source audio, ayant un sens de BRIR possible
et une distance de BRIR possible relativement à un auditeur voulu, où le sens de BRIR possible est au
moins sensiblement égal au sens, xi, et la distance de BRIR possible est au moins sensiblement égale à
la distance, di ;
la génération de métriques de performance, comportant une métrique de performance pour chacune des
BRIR possibles, en traitant les BRIR possibles conformément à au moins une fonction objective ; et l’identification de l’une des métriques de performance (107) ayant une valeur extrême, et l’identification, comme
BRIRi, de l’une des BRIR possibles pour laquelle la métrique de performance a ladite valeur extrême (108) ;
dans lequel le modèle de simulation est un modèle stochastique qui utilise une combinaison d’éléments
déterministes et stochastiques,
dans lequel chaque dite BRIRi a été conçue par un procédé comportant une étape de détermination d’une
BRIR cible pour chaque dit sens de BRIR possible (105),
et dans lequel la métrique de performance de chacune des BRIR possibles est indicative d’un degré de
similarité entre ladite chacune des BRIR possibles et la BRIR cible correspondant au sens de BRIR possible
de ladite chacune des BRIR possibles,
dans lequel le degré de similarité est évalué numériquement conformément à l’au moins une fonction
objective.
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4.

Système selon la revendication 3, dans lequel les éléments stochastiques sont commandés en partie par des
variables aléatoires.

5.

Système selon la revendication 4, dans lequel une ou plusieurs des variables aléatoires sont des variables pseudoaléatoires.

6.

Système selon la revendication 3, 4 5, dans lequel l’état de génération de BRIR comporte une étape de génération
d’une ou de plusieurs séquences de bruit.

7.

Système selon la revendication 3, dans lequel chaque dite BRIRi a été conçue par un procédé comportant une
étape consistant en la comparaison d’une représentation perceptuellement en bandes dans le domaine fréquence
de chacune des BRIR possibles à une représentation dans le domaine fréquence perceptuellement en bandes de
la BRIR cible correspondant au sens de BRIR possible de ladite chacune des BRIR possibles.
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5

8.

Système selon la revendication 7, dans lequel la métrique de performance de ladite chacune des BRIR possibles
est indicative d’une force sonore spécifique dans des bandes de fréquences critiques de la BRIR cible et de ladite
chacune des BRIR possibles.

9.

Système selon la revendication 7, dans lequel chaque dite représentation perceptuellement en bandes dans le
domaine fréquence comprend un canal gauche ayant B bandes de fréquence et un canal droit ayant B bandes de
fréquence, et la métrique de performance de ladite chacune des BRIR possibles est au moins sensiblement égale à :
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où n est un indice indicatif d’un canal, dont la valeur n indique le canal gauche, et dont la valeur n = 2 indiquent
le canal droit,
Cnk = l’énergie perceptive du canal n, bande de fréquence k de ladite chacune des BRIR possibles,
Tnk = l’énergie perceptive du canal n, bande de fréquence k de la BRIR cible correspondant au sens de BRIR
possible de ladite chacune des BRIR possibles,
Glog = décalage de gain logarithmique qui minimise D, et
Wn = facteur de pondération du canal n.
10. Unité de traitement audio, comportant :
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une mémoire qui mémorise des données indicatives d’une réponse impulsionnelle de salle binaurale (BRIR)
qui, convoluée avec un canal audio d’entrée, génère un signal binaural indicatif d’un son provenant d’une source
ayant un sens et une distance relativement à un auditeur voulu ; et
un sous-système de traitement couplé à la mémoire et configuré pour exécuter au moins l’une d’une : génération
desdites données indicatives de la BRIR, ou génération d’un signal binaural en réponse à un ensemble de
canaux d’un signal d’entrée audio à canaux multiples en utilisant lesdites données indicatives de la BRIR, dans
laquelle la BRIR a été prédéterminée par un procédé comportant les étapes consistant en :
la génération de réponses impulsionnelles de salle binaurales possibles (BRIR possibles) (101) conformément à un modèle de simulation qui simule une réponse d’une source audio, ayant un sens de BRIR possible
et une distance de BRIR possible relativement à un auditeur voulu, où le sens de BRIR possible est au
moins sensiblement égal au sens, et la distance de BRIR possible est au moins sensiblement égale à la
distance ;
la génération de métriques de performance (107), comportant une métrique de performance pour chacune
des BRIR possibles, en traitant les BRIR possibles conformément à au moins une fonction objective ; et
l’identification de l’une des métriques de performance ayant une valeur extrême, et l’identification, comme
BRIRi, de l’une des BRIR possibles pour laquelle la métrique de performance a ladite valeur extrême (108) ;
dans lequel le modèle de simulation est un modèle stochastique qui utilise une combinaison d’éléments
déterministes et stochastiques,
dans lequel ladite BRIR a été conçue par un procédé comportant une étape consistant en la détermination
d’une BRIR cible pour chaque dit sens de BRIR possible (105),
et dans lequel la métrique de performance de chacune des BRIR possibles est indicative d’un degré de
similarité entre ladite chacune des BRIR possibles et la BRIR cible correspondant au sens de BRIR possible
de ladite chacune des BRIR possibles,
dans lequel le degré de similarité est évalué numériquement conformément à l’au moins une fonction
objective.
11. Système de traitement audio selon la revendication 10, dans lequel les éléments stochastiques sont commandés
en partie par des variables aléatoires.

55

12. Système de traitement audio selon la revendication 10, dans lequel une ou plusieurs des variables aléatoires sont
des variables pseudo-aléatoires.

25
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13. Système de traitement audio selon la revendication 10, 11 ou 12, dans lequel l’état de génération de BRIR comporte
une étape de génération d’une ou de plusieurs séquences de bruit.

5

10

14. Système de traitement audio selon la revendication 10, dans lequel ladite BRIR a été conçue par un procédé
comportant une étape consistant en la comparaison d’une représentation perceptuellement en bandes dans le
domaine fréquence de chacune des BRIR possibles à une représentation dans le domaine fréquence perceptuellement en bandes de la BRIR cible correspondant au sens de BRIR possible de ladite chacune des BRIR possibles.
15. Support de mémorisation non transitoire lisible par ordinateur comprenant une séquence d’instructions, dans lequel,
quand un dispositif de traitement audio exécute la séquence d’instructions, le dispositif de traitement audio exécute
le procédé selon la revendication 1.
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