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TECHNIQUES FOR ACOUSTIC REVERBERANCE CONTROL AND RELATED
SYSTEMS AND METHODS

CROSS REFERENCE TO RELATED APPLICATIONS

[0001] The present application claims the benefit under 35 U.S.C. §119(e) of U.S.
Provisional Patent Application No. 62/051,519, filed September 17, 2014, titled “Acoustic
System and Method for Acoustic Reverberance Control of Sound in a Listening Space,” the

entire content of which is hereby incorporated by reference.

BACKGROUND

[0002] Sounds produced by loudspeakers generally interact in a complex manner with
the environment. Typically, a listening space will comprise numerous surfaces that each
reflect sound waves to varying extents. In some cases, acoustic reflectiveness of a surface
may depend upon the frequency of the sound incident on the surface. The sum total of such
interactions in a typical listening space, such as a concert hall or living room, produces an
extremely diverse array of sound waves being scattered around the space, even when
generated from a single audio source.

[0003] Moreover, when these sound waves reach the ears of a listener, further complex
effects may occur. Due to the spatial separation between human ears, the effect of sound
waves heard by a listener may be quite different when sound reaches both ears at the same
time compared with cases in which there is a difference in arrival time of the sound at each
ear. Moreover, sound waves incident on the ear may destructively and/or constructively
interfere due to the nature of the sound source as well as various path lengths that the sound
may have travelled from the audio source to the ear, which can further affect how sound is

heard.

SUMMARY
[0004] The present application relates generally to techniques of acoustic reverberance

control.
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[0005] According to some aspects, an audio system is provided comprising at least one
microphone configured to capture ambient sound within a listening space, a diffuse radiator
loudspeaker configured to produce incoherent sound waves, and a reverberation processing
unit configured to apply reverberation to at least a portion of ambient sound captured by the
at least one microphone, thereby producing modified sound, and output the modified sound
into the listening space via the diffuse radiator loudspeaker.

[0006] According to some aspects, a method is provided comprising capturing ambient
sound within a listening space using at least one microphone, applying reverberation to at
least a portion of the ambient sound captured by the at least one microphone, thereby
producing modified sound, and outputting the modified sound into the listening space from
an incoherent diffuse radiator loudspeaker.

[0007] The foregoing is a non-limiting summary of the invention, which is defined by

the attached claims.

BRIEF DESCRIPTION OF DRAWINGS

[0008] Various aspects and embodiments will be described with reference to the
following figures. It should be appreciated that the figures are not necessarily drawn to
scale. In the drawings, each identical or nearly identical component that is illustrated in
various figures is represented by a like numeral. For purposes of clarity, not every

component may be labeled in every drawing.

[0009] FIG. 1 is a block diagram of an illustrative audio system, according to some
embodiments;
[0010] FIG. 2 is a block diagram of an illustrative audio system that receives input

from an audio source and one or more microphones, according to some embodiments;
[0011] FIG. 3 is a block diagram of an illustrative active reverb enhancement
subsystem, according to some embodiments;

[0012] FIG. 4 is a block diagram of an illustrative audio processing subsystem,

according to some embodiments;
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[0013] FIGs. 5A-5C depict an illustrative apparatus for housing an audio system,
according to some embodiments; and
[0014] FIG. 6 illustrates an example of a computing system environment on which

aspects of the invention may be implemented.

DETAILED DESCRIPTION

[0015] As discussed above, sounds produced by a loudspeaker generally produce a
complex array of sounds whose amplitudes and times of arrival at a listener’s ear depend
highly on spatial dimensions and reflective properties of the listening environment. The
same sound source placed, for example, within a concert hall will sound extremely different
to a listener than the same sound source placed in a living room. Moreover, the sound heard
by the listener will often change drastically as the listener moves around within the listening
environment. While a number of techniques exist to assess the extent to which these effects
occur in practice, one important measure is that of “reverberation” (sometimes simply called
“reverb”), which is an indication of how much sound persists after it is produced. One
commonly used reverberation metric is RT60, which is the time taken for a sound to drop in
amplitude by 60dB. Metrics such as RT60 are simply indications of the complex
interactions described above, however, and are simply used as convenient yet imprecise

measurements of a listening environment’s response to sound.

[0016] Since a listener’s experience can be so drastically different for the same audio
source in different environments, a number of existing systems attempt to artificially
produce reverberation effects in otherwise low reverberation (also sometimes referred to as
“dry”) listening environments. For instance, surround sound systems featuring multiple
speakers are often used in home theaters. However, such systems generally simply output
an audio signal that is sent to each loudspeaker and do not differentiate between different
reverberant environments being depicted in the movie or television show. Moreover,
arrangements of directional loudspeakers such as those found in surround sound systems or
in more complex systems often require careful placement of the speakers to produce the

desired listening experience.
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[0017] Even when an audio system produces sounds having reverb that fits an acoustic
environment being presented, unless the reverb matches a listener’s space it can readily
become apparent to the listener that they are not actually in such a space. For instance, as
soon as a listener speaks, moves or creates any noise in the listening environment, there can
be an apparent disconnect between the acoustics of the audio and the acoustics of the real-
world environment. The listener may thereby perceive the disconnect, which may disturb
the suspension of disbelief that those in the listening environment have created for
themselves. For example, an audio system producing sounds of a musical concert with
reverb that would typically be experienced in a large concert hall may be believable by a
listener in a living room to some degree, but as soon as the listener speaks or moves, the

illusion of being in a large concert hall may be destroyed.

[0018] In view of the above, the inventor has recognized and appreciated that control
over a listening environment in terms of the reverberance of sound produced by an audio
system and/or sound produced within the environment may provide an enhanced listening
experience. By providing an audio system with such control over the listening environment,
real-world acoustics of the listening environment and acoustics presented by the audio
system may be matched, so that the real and the virtual acoustic spaces may be seamlessly
blended together. The audio system described herein may therefore include at least one of
two primary aspects: a first aspect to control reverberance of real acoustics of a listening
environment, and a second aspect to control reverberance of virtual acoustics of an audio

source (e.g., a music recording).

[0019] With respect to the first of these aspects, the inventor has recognized and
appreciated that capturing ambient sound from a listening environment and rebroadcasting
the ambient sound with added reverb through appropriate sound radiators can cause a
listener to become immersed in a presented acoustic environment by effectively altering the
reverberance of the listening environment. Sounds originating from within the environment
may be captured by a microphone, and audio may thereafter be produced from a suitable
loudspeaker within the environment to supplement the sounds and to give the effect of those

sounds reverberating through the environment differently than they would naturally.
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[0020] The inventor has further recognized and appreciated that by producing such
audio from a diffuse radiator loudspeaker, the audio system may produce dispersed sound
having similar qualities to a system of multiple directional loudspeakers, yet without the
need for complex positioning and without the same susceptibility to destructive interference
and/or feedback. Furthermore, the inventor has recognized that an incoherent diffuse
radiator loudspeaker may be particularly beneficial in mimicking naturally produced
reverberating sound (that is, sound produced purely from reflections within a listening
space). While natural reverberant sound has a characteristic sound content, it also has
physical characteristics due to the way in which the reverberance is produced by the
environment which include a lack of coherence in the component sound waves.
Accordingly, an incoherent loudspeaker (e.g., one having an interaural cross-correlation
(IACC) coefficient below 0.7, or below 0.5, such as around 0.3) may be particularly
effective at producing reverberant sound that appears similar to, or substantially identical to,

naturally reverberant sound.

[0021] Accordingly, by combining a microphone positioned in a listening
environment, with a system able to generate audio that creates a desired reverberant effect in
the environment, and with an incoherent diffuse radiator loudspeaker that outputs such

audio, reverberance of the real acoustics of the listening environment may be controlled.

[0022] Application of reverberation to sound generally includes multiple aspects such
as application of a time delay and adjustment of sound properties. However, since a time
delay may naturally occur due to the processing time that transpires between capturing
ambient sound, applying reverberation and outputting the resulting sound (e.g., due to a
physical distance between the microphone and the loudspeaker, due to processing time,
etc.), application of reverberation need not necessarily comprise applying a time delay (or at
least may not include as much time delay as might be conventionally applied). Other
aspects of reverberation typically applied in other cases may still yet be applied to captured

sound.

[0023] According to some embodiments, the use of diffuse radiator loudspeakers in

the audio system described herein may provide numerous advantages over systems that use
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conventional direct radiator loudspeakers. Radiation may be produced from a diffuse
radiator loudspeaker at multiple points on a panel, thereby producing dispersed, and in some
cases, incoherent sound radiation. Accordingly, one panel loudspeaker may effectively
provide multiple point sources that are decorrelated with each other. In contrast,
conventional systems may use multiple piston loudspeakers that produce coherent sound and
whose number and location relative to a microphone have to be considered to reduce
feedback between components. Conventional systems may also rely on signal processing to

produce a stable gain.

[0024] Another advantage of diffuse radiator loudspeakers is that they are generally
not proximity sensitive. Sound systems including direct radiator loudspeakers are typically
designed such that there is an optimal listener position, so that a listener at a non-optimal
position may experience louder listening conditions as the listener moves closer toward the
direct radiator loudspeaker. In contrast, because of the sound distribution characteristics of a
diffuse radiator loudspeaker, a listener may be positioned near the loudspeaker without the
sound appearing to be too loud. Thus, multiple listeners at different listener positions may

still experience comfortable listening conditions with a diffuse radiator loudspeaker.

[0025] With respect to the second of the aspects noted above, namely the control of
reverberance of the virtual acoustics of an audio source, the inventor has recognized and
appreciated that an audio source may be included within the audio system described herein
and its reverb reproduced to match the reverb of a listening environment. This may include
first removing any reverb already present in an audio source (e.g., music recording, movie
soundtrack, etc.) and then adding reverb to produce a desired effect. In some embodiments,
a desired effect may depend upon acoustic properties of a listening environment in which
the audio system is located. In some cases, the reverberation of the ambient environment
reproduced as described above may be performed to match reverb present within the audio

source.

[0026] According to some embodiments, an audio system as described herein may
identify different components of an audio signal having different reverberance, and may

output at least one of those components to a particular loudspeaker based on those
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properties. The loudspeaker may be selected, for example, due to its compatibility with
properties of the identified component(s). Such components may be identified based on the
time from commencement of direct sound in the audio signal. As one non-limiting example,
an audio system may identify one or more of: direct sound (e.g., sound originating between
0 - 5 ms from initiation of sound), early reflections (e.g., sound originating between 5 ms -
80 ms from initiation of sound), and late reflections (e.g., sound originating more than 80 ms
from initiation of sound). Each identified reverberance component may be output by a
speaker and/or speaker type (e.g., diffuse radiator or direct radiator) preselected based on the
type of component. For instance, in some embodiments direct sound may be separated out
of an audio signal and output by a direct radiator loudspeaker, whereas early reflections may
be separated out of the audio signal and output by a diffuse radiator loudspeaker. In some
embodiments, control over the reverberant components of an audio signal may be performed
by removing or otherwise reducing the effect of an identified reverb component of the audio

signal, and/or by adding additional reverb to one or more identified reverb components.

[0027] Following below are more detailed descriptions of various concepts related to,
and embodiments of, systems and methods for acoustic reverberance control. It should be
appreciated that various aspects described herein may be implemented in any of numerous
ways. Examples of specific implementations are provided herein for illustrative purposes
only. In addition, the various aspects described in the embodiments below may be used
alone or in any combination, and are not limited to the combinations explicitly described
herein.

[0028] FIG. 1 is a block diagram of an illustrative audio system, according to some
embodiments. System 100 includes one or more audio inputs 110, one or more audio
processing components 120 and one or more audio outputs 130. In the example of FIG. 1,
the audio inputs include a microphone 112, the audio processing components include an
active reverberation enhancement subsystem 122, and the audio outputs include a diffuse
radiator loudspeaker 132.

[0029] As discussed above, capturing sound from a listening environment using a

microphone, then rebroadcasting the sound with added reverb using suitable sound radiators,
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can cause a listener to become immersed in a presented acoustic environment by effectively
altering the reverberance of the listening environment. FIG. 1 presents an illustrative audio
system configured to perform such an operation. Further systems that can also control
reverberance of the virtual acoustics of an audio source will be discussed below.

[0030] System 100 may be used, for instance, to balance the frequency response of an
environment in which the system is located. In such a case, the microphone 112 may
capture ambient sound from the environment and provide an electrical signal indicative of
the sound to active reverberation enhancement subsystem 122. The active reverberation
enhancement subsystem 122 may apply reverberation to some or all of the captured ambient
sound, and output the resulting sound via diffuse radiator loudspeaker 132.

[0031] Since the sound may be output while ambient sounds are propagating through
the environment, the resulting effect to a listener in the environment may be that the
reverberance of the environment has been altered by the system. As one non-limiting
example, system 100, when placed in a living room, may capture ambient sounds (e.g.,
people moving, talking, etc.), apply reverb to some or all of the captured sound and output
the sound with reverb though the diffuse radiator loudspeaker. Those ambient sounds may
thereby be propagated in a different manner through the environment than they would
otherwise be in the absence of system 100. The net effect to a listener may be, for example,
that when they speak they hear their voice as if they were in a much larger room.

[0032] As another non-limiting example, system 100 may be used within a conference
room to increase the clarity of sounds within the room by ensuring that the reinforced
frequencies of early reflections do not drop below about 5 kHz. This may, for example, be
performed by adjusting the output frequencies from active reverberation enhancement
subsystem 122 via equalization hardware and/or software whilst also adding reverberance to
the sound. For instance, the equalization hardware and/or software may increase levels of
sound above 5 kHz (and may optionally reduce levels of sound below 5 kHz). In large
acoustic spaces, consonants of speech tend to have lower sound pressure levels (SPLs)

above around 3-5 kHz. Reinforcing sounds above around 3-5 kHz can help a listener to
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understand speech in such a space because softer parts of speech, which are often the most
useful, may be easier to comprehend as a result.

[0033] Microphone 112 may include any suitable microphone able to capture ambient
sounds within its environment. Microphone 112 may preferably be an omnidirectional
microphone, though may also be a unidirectional or bidirectional microphone in some
embodiments. According to some embodiments, the microphone may be a dynamic or a
condenser microphone. Microphone 112 may have any suitable frequency response and
dynamic range, such as a substantially flat frequency response between about 30 Hz and
about 10 kHz, or between about 20 Hz and about 20 kHz, such as between 100 Hz and 5
kHz. Microphone 112 may be a wireless or a wired microphone.

[0034] According to some embodiments, active reverberation enhancement subsystem
122 may include one or more dedicated hardware components configured to apply
reverberation to incoming sound signals. For instance, active reverberation enhancement
subsystem 122 may include one or more effects processors, such as a rack-mountable FX
unit. An illustrative active reverberation enhancement subsystem is described in further
detail below in relation to FIG. 3.

[0035] According to some embodiments, active reverberation enhancement subsystem
122 may include one or more software components. Accordingly, in some embodiments,
active reverberation enhancement subsystem 122 may include, and/or may be coupled to, a
suitable computer system such as computer system 600 shown in FIG. 6 and discussed
below. In some embodiments, such a computer system may include software for rendering
and/or processing audio signals, such as AudioDesk produced by MOTU, and/or may
include software for applying reverberation, such as Vienna MIR PRO.

[0036] Diffuse radiator loudspeaker 132 may include any suitable loudspeaker that
operates on the basis of a vibrating, resonating panel and that therefore propagates an
incoherent air-disturbance pattern or sound wave-form. In such a loudspeaker, sounds are
the result of transverse waves that are induced in the panel, and not the result of, for
example, the pistonic motion of a diaphragm. According to some embodiments, motion of

the panel may be produced by a driver such as an electromagnetic voice-coil or other
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electroacoustic exciter coupled to the surface of the panel. In some embodiments, the
frequency response of the panel may be optimized by adding weights and/or other modifiers
to the surface of the panel, and/or adjusting the restraint of the panel’s edge at selected
points.

[0037] According to some embodiments, diffuse radiator loudspeaker 132 may exhibit
an anechoic inter-aural cross-correlation (IACC) coefficient that is less than about 0.7, and
in some cases may be less than about 0.5. According to some embodiments, diffuse radiator
loudspeaker 132 may exhibit an IACC coefficient between 0.1 and 0.7, such as between 0.2
and 0.5, such as 0.4. Diffuse radiator loudspeaker 132 may include, but is not limited to,
any loudspeaker type referred to as a distributed mode loudspeaker, a transverse wave panel
loudspeaker, a bending wave panel loudspeaker or a multi-actuator panel (MAP)
loudspeaker.

[0038] FIG. 2 is a block diagram of an illustrative audio system that receives input
from an audio source and one or more microphones, according to some embodiments.
System 200 may provide the functionality discussed above in relation to system 100 via
elements 212, 222 and 232 (for which the above discussions of elements 112, 122 and 132,
respectively, are referenced), and in addition may provide for control of reverberance of the
virtual acoustics of an audio source 214 via audio processing subsystem 224 and
loudspeakers 236 and 238. In addition, a subwoofer 234 is included as another loudspeaker
to which active reverberation enhancement subsystem 222 outputs sound.

[0039] In the example of FIG. 2, active reverberation enhancement subsystem 222
produces two output signals: a first comprising late reflections that is output via diffuse
radiator loudspeaker 232, and a second comprising both direct sound and early and/or late
reflections that is output via subwoofer 234.

[0040] As discussed above, late reflections are generally those sounds that begin
around 80 ms after direct sound output is initiated, and may be produced by active
reverberation enhancement subsystem 222 by applying suitable reverb effects to the
received sound input from microphone 212, such that the sound mimics late reflections of

the direct sound. The sound produced with late reflections may be output to both the
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subwoofer 234 and diffuse radiator loudspeaker 232, and in addition the direct sound
captured by the microphone may be output from subwoofer 234.

[0041] Audio source 214 may include any device or devices able to playback or
otherwise output sound generated from a source, such as, but not limited to, a CD player, a
DVD player, a Bluetooth device, an MP3 player, a television, a receiver, a computer, a
tablet, a mobile device, a microphone, or combinations thereof.

[0042] Audio processing subsystem 224 performs separation of components of audio
received from the audio source 214 based on the components’ reverberance. That is, the
received audio may be separated into components representing such aspects as direct sound,
early reflections and/or late reflections, although other components having different
reverberance may also be generated (e.g., for clarity, such as special effects). The audio
processing subsystem may perform this operation using any suitable combination of
hardware and/or software. As such, in some embodiments, audio processing subsystem 224
may include, and/or may be coupled to, a suitable computer system such as computer system
600 shown in FIG. 6 and discussed below.

[0043] Any suitable approach may be employed by audio processing subsystem 224 to
generate components from an audio signal based on reverberance. In some embodiments, a
process known as “dereverberation,” which seeks to identify the direct sound from an audio
signal, may be performed to separate out early and late reflections. In some embodiments,
audio processing subsystem 224 may perform dereverberation to identify a direct sound
component of an audio signal, and then use the direct sound to identify remaining
components that persist in the audio signal other than the direct sound. Illustrative
processing techniques that may be used by audio processing subsystem 224 include, but are
not limited to, dereverberation via spectral subtraction, dereverberation using channel
inversion and equalization, automatic speech recognition, voice activity detection, acoustic
echo cancellation (AEC), residual echo estimation, adaptive filter, double-talk detection,
non-linear processing, or combinations thereof.

[0044] According to some embodiments, audio processing subsystem 224 may

perform digital signal processing on the received signal from audio source 214 before

11
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performing the above-described separation of components. Such processing may include,
but is not limited to, equalization adjustments, loudness adjustment, frequency tuning,
applying a compressor and/or expander, addition of delay or other effects, or combinations
thereof.

[0045] Sound components generated by audio processing subsystem 224 based on
their reverberance are output to loudspeakers 236 and 238. In the example of FIG. 2,
particular components are sent to particular loudspeakers; specifically, an early reflections
component of the audio signal received by audio processing subsystem 224 is output to
diffuse radiator loudspeaker 236 and a direct sound component of the audio signal is output
to direct radiator loudspeaker 238. Accordingly, in this example, a dry signal is output by
direct radiator loudspeaker 238 and a reverberant signal is output by diffuse radiator
loudspeaker 236.

[0046] Direct radiator loudspeaker 238 may be any loudspeaker. According to some
embodiments, direct radiator loudspeaker 238 may include any loudspeaker that, regardless
of its method of operation (e.g., cone, electrostatic, ribbon, etc.) has an anechoic IACC
measurement above about 0.7 (e.g., indicating a beamed acoustic radiation and binaurally
correlated air-disturbance pattern).

[0047] Since sound that is output by diffuse radiator loudspeaker 236 and/or direct
radiator loudspeaker 238 will propagate through the listening environment in which system
200 is located, these resulting sounds will generally be captured by microphone 212.
Microphone 212 may therefore, in at least some embodiments, capture a blend of ambient
sounds produced from the environment and sound produced from any of loudspeakers 232,
234, 236 and/or 238. In this manner, the system 200 could be viewed as providing a
“recursive” sound since output(s) of the system may be fed into one or more inputs, which
may consequently change the output(s), which may be fed into one or more inputs, etc.
[0048] FIG. 3 is a block diagram of an illustrative active reverb enhancement
subsystem, according to some embodiments. According to some embodiments, active
reverb enhancement system 300 may be used as element 122 and/or element 222 shown in

FIGs. 1 and 2, respectively. Active reverb enhancement system 300 receives input from one

12
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or more microphones or other audio sources, applies reverb to sound input via reverberation
unit 310, and outputs sound to one or more loudspeakers via amplifier(s) 330. Active reverb
enhancement system 300 optionally includes a digital signal processing (DSP) unit 320.
[0049] According to some embodiments, reverberation unit 310 may include one or
more hardware components configured to apply reverberation to incoming sound signals. In
some embodiments, reverberation unit 310 includes circuitry comprising a plurality of filters
and multiplexors that produce an output signal representing audio having reverb based on an
input audio signal. Such filters may include, but are not limited to, all-pass, comb, high
pass, low pass, EQ filters, or combinations thereof. In some embodiments, reverberation
unit 310 may produce an output signal representing audio having reverb compared with an
input audio signal using software (in which case reverberation unit 310 may include and/or
may be coupled to, a suitable computer system). In some embodiments, reverberation unit
310 may apply a reverb amount and/or type based on a reverberation preset of active reverb
enhancement system 300 (e.g., selected via a user interface that may be produced via
hardware and/or software).

[0050] According to some embodiments, reverberation unit 310 may apply
reverberation to an input audio signal based on an audio source and/or based on a listening
environment in which system 300 is located. Both of these techniques of applying
reverberation are described as follows.

[0051] In some embodiments, whether and how much reverberation is applied by
reverberation unit 310 may depend upon an audio source being input to a system in which
active reverb enhancement system 300 is operating. For instance, in system 200 adding
reverb using active reverberation enhancement subsystem 222 may not always make sense,
depending on the content of audio source 214. As one example, if system 200 receives
audio from a movie as audio source 214, and the acoustic scene in the movie is exceedingly
“dry” and quiet (perhaps a conversation is taking place in a clothes closet) there will be
scenic environmental noises, such as the rustling of clothes, but virtually no reverberance.
Under such circumstances, adding reverb using active reverberation enhancement subsystem

222 to ambient sounds within the environment would reduce the credibility of the scene

13
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taking place. In other words, if the movie is showing a scene in a dry environment and
someone watching the movie speaks, adding reverb to that ambient sound of speaking would
produce a mismatch between the dry virtual acoustics presented by the movie and the real
acoustics of the listening environment.

[0052] As such, reverberation unit 310 (and/or any other suitable component of system
300) may be connected (wirelessly and/or wired) to an audio source, and may receive an
audio signal from the source. The reverberance of the audio signal may be measured, such
as by determining the loudness of the signal over time and/or via any other suitable
technique. Depending on the content of the audio signal, reverberation unit 310 may be
configured such that an amount of reverberation added is proportional to (or otherwise
selected based on) the measured amount of reverberation in the audio signal.

[0053] In some embodiments, whether and how much reverberation is applied by
reverberation unit 310 may depend upon a listening environment in which system 300 is
operating. The manner in which sound output from the reverberation unit 310, which is then
output from one or more loudspeakers, propagates within the listening environment depends
on characteristics of the listening environment (e.g., size, shape, types of surfaces present,
etc.). Accordingly, knowledge of the natural reverberance of the environment may be used
by reverberation unit 310 to produce a desired reverberance effect within the environment.
[0054] In some embodiments, one or more components of active reverb enhancement
system 300 (e.g., reverberation unit 310), and/or a component of an audio system (e.g.,
systems 100 and/or 200) that comprises system 300, may measure reverberance of the
listening environment. Such a measurement may occur when the system 1is first initialized,
may occur periodically during system operation and/or may occur upon user request. The
measurement may utilize one or more loudspeakers and one or more microphones of the
system. For example, in system 200 depicted in FIG. 2, active reverberation enhancement
subsystem 222 may make such a measurement by producing sound from loudspeakers 232
and/or 234, and by capturing a result of said sound production with microphone 212.

[0055] In some embodiments, measuring reverberance of a listening environment may

comprise producing a predetermined measurement signal x(t) from one or more
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loudspeakers. One or more microphones may be controlled to capture the measurement
signal x(t) output from the loudspeaker(s). The captured microphone signal may be referred
to as captured signal y(t), which corresponds to the measurement signal x(t) modified by an
impulse response /(t) of the listening environment. In general, the impulse response is
indicative of a history of direct and reflected sound at one position in the listening
environment caused by an impulse emitted from a source at another position in the same
listening environment. The impulse response may also sometimes be referred to as a room
response or a transfer function in the frequency domain.

[0056] The measurement and captured signals x(t) and y(t), respectively, may be used
to determine the impulse response /(t) of the listening environment. For example, in the
time domain, the impulse response /(t) may be deconvolved from the captured signal y(t)
and the measurement signal x(t). Alternatively, in the frequency domain the room response
H(f) may be determined from a ratio of the frequency-domain measurement and captured
signals, H(f) = Y(f) =~ X(f). A subsequent inverse frequency domain transform may then be
applied to the room response H(f) to produce the time domain impulse response /A(t). The
reverberance of the listening environment may then be determined from the impulse
response.

[0057] In some embodiments, an impulse response at one microphone position may be
measured and used to represent the existing reverberation characteristic of the listening
environment. In some embodiments, impulse responses at two or more positions in the
listening environment may be determined (e.g., using two or more microphones, or by
moving microphones between measurements), and an estimate of the reverberance of the
listening environment may be determined.

[0058] According to some embodiments, a measurement signal may include a
pseudorandom noise signal (e.g., a maximum length sequence (MLS), an inverse repeated
sequence (IRS), etc.), a time- stretched pulse signal, a sine-sweep signal and/or any other
signal suitable for determining an impulse response /(t) of the listening environment. In

some embodiments, the measurement signal may be embedded in a predetermined audio
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signal (e.g., such as music), such that a listener may be substantially unaware of the
measurement signal’s presence in sound output from a loudspeaker.

[0059] According to some embodiments, a measurement of the interaural cross-
correlation coefficient or a measure of binaural coherence may be measured in one or more
locations within a given listening space. Adjustments to an audio system (e.g., audio system
100) may then be made based on such measurement(s) to produce a balanced IACC
throughout the listening space. For instance, relative sound pressure levels (SPLs) of
coherent and/or incoherent loudspeakers within the audio system may be adjusted.

[0060] Amplifier(s) 330 may comprise any one or more amplifiers, though may
preferably include a low-noise amplifier. One example of a suitable amplifier includes a
programmable two-channel D class amplifier such as the Behringer iNuke NU1000. Any
number of amplifiers 330 may be connected to any number of loudspeakers.

[0061] According to some embodiments, DSP 320 may perform audio processing on
the input audio signal before performing the above-described application of reverb by
reverberation unit 310. Such processing may include, but is not limited to, equalization
adjustments, loudness adjustment, frequency tuning, applying a compressor and/or
expander, addition of delay or other effects, or combinations thereof.

[0062] FIG. 4 is a block diagram of an illustrative audio processing subsystem,
according to some embodiments. According to some embodiments, audio processing
subsystem 400 may be used as element 224 shown in FIG. 2. Audio processing subsystem
400 receives input from one or more audio sources, performs separation of components of
the input audio based on the components’ reverberation properties as described above via
reverberation separation unit 410, and outputs sound to one or more loudspeakers via
amplifier(s) 420.

[0063] According to some embodiments, reverberation separation unit 410 may
perform dereverberation to identify a direct sound component of an audio signal. In some
cases, the unit may additionally use the direct sound to identify remaining components
remaining in the audio signal other than the direct sound. Illustrative processing techniques

that may be used by reverberation separation unit 410 include, but are not limited to,
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dereverberation via spectral subtraction, dereverberation using channel inversion and
equalization, automatic speech recognition, voice activity detection, acoustic echo
cancellation (AEC), residual echo estimation, adaptive filter, double-talk detection, non-
linear processing, or combinations thereof.

[0064] Amplifier(s) 420 may comprise any one or more amplifiers, though may
preferably include a low-noise amplifier. Any number of amplifiers 420 may be connected
to any number of loudspeakers.

[0065] FIGs. 5A-5C depict an illustrative apparatus for housing an audio system,
according to some embodiments. FIG. SA depicts a front face view of the housing, FIG. 5B
depicts a front face view with the front panel removed, and FIG. 5C depicts a side view.
Any number of components of the above-described systems may be incorporated within the
housing 500, several of which are identified in the figures. In some embodiments, one or
more subsystems, such as active reverberation enhancement subsystem 222 and/or audio
processing subsystem 224, may be disposed within the depicted housing. In some
embodiments, one or more of such subsystems may be connected to components within the
housing via any number of wired or wireless connections.

[0066] In the example of FIG. SA, an upper section of the panel includes a circular
portion cut out of the diffuse radiator loudspeaker 520 to produce the direct radiator
loudspeaker 540. The panel within the cut out portion that acts as direct radiator
loudspeaker 540 may have been stiffened relative to the panel of diffuse radiator
loudspeaker 520 so that it functions as a coherent radiation source. In some embodiments,
the direct radiator loudspeaker 540 may include a collar to reduce air-turbulence and/or to
improve bass response. A gap between diffuse radiator loudspeaker 520 and direct radiator
loudspeaker 540 may, for example, be around 2mm.

[0067] In the example of FIG. 5B, a support 560 provides structure sufficient to hold
transducers (and possibly wires connected to those transducers) of the loudspeakers 520, 530
and 540. Transducers 561, 562 and 563 correspond to loudspeakers 520, 530 and 540,

respectively.
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[0068] According to some embodiments, diffuse radiator loudspeakers 520 and/or 530
may be configured to produce incoherent sound. For instance, either or both speakers may
exhibit an IACC coefficient of below 0.7, below 0.5, etc.

[0069] The above-described embodiments of the technology described herein can be
implemented in any of numerous ways. For example, the embodiments may be
implemented using hardware, software or a combination thereof. When implemented in
software, the software code can be executed on any suitable processor or collection of
processors, whether provided in a single computer or distributed among multiple computers.
Such processors may be implemented as integrated circuits, with one or more processors in
an integrated circuit component, including commercially available integrated circuit
components known in the art by names such as CPU chips, GPU chips, microprocessor,
microcontroller, or co-processor. Alternatively, a processor may be implemented in custom
circuitry, such as an ASIC, or semi-custom circuitry resulting from configuring a
programmable logic device. As yet a further alternative, a processor may be a portion of a
larger circuit or semiconductor device, whether commercially available, semi-custom made
or custom made. As a specific example, some commercially available microprocessors have
multiple cores such that one or a subset of those cores may constitute a processor, although a
processor may be implemented using circuitry in any suitable format.

[0070] An illustrative implementation of a computer system 600 that may be used to
perform aspects of acoustic reverberance control as described herein is shown in FIG. 6. The
computer system 600 may include one or more processors 610 and one or more non-
transitory computer-readable storage media or storage devices (e.g., memory 620 and one or
more non-volatile storage media 630). The processor 610 may control writing data to and
reading data from the memory 620 and the non-volatile storage device 630 in any suitable
manner, as the aspects of the invention described herein are not limited in this respect. To
perform the functionality and/or techniques described herein, the processor 610 may execute
one or more instructions stored in one or more computer-readable storage media (e.g., the
memory 620, storage media, etc.), which may serve as non-transitory computer-readable

storage media storing instructions for execution by the processor 610.
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[0071] In connection with techniques for acoustic reverberance control as described
herein, code used to, for example, perform reverb processing upon an audio signal, separate
components of an audio signal based on their reverberance, etc. may be stored on one or
more computer-readable storage media of computer system 600. Processor 610 may execute
any such code to provide any techniques for acoustic reverberance control as described
herein. Any other software, programs or instructions described herein may also be stored
and executed by computer system 600. It will be appreciated that computer code may be
applied to any aspects of methods and techniques described herein. For example, computer
code may be applied to any reverberation and/or dereverberation algorithm described herein
or otherwise.

[0072] Various inventive concepts may be embodied as at least one non-transitory
computer readable storage medium (e.g., a computer memory, one or more floppy discs,
compact discs, optical discs, magnetic tapes, flash memories, circuit configurations in Field
Programmable Gate Arrays or other semiconductor devices, etc.) or a computer readable
storage device encoded with one or more programs that, when executed on one or more
computers or other processors, implement some of the various embodiments of the present
invention. The non-transitory computer-readable medium or media may be transportable,
such that the program or programs stored thereon may be loaded onto any computer
resource to implement various aspects of the present invention as discussed above.

29 <

[0073] The terms “program,” “software,” and/or “application” are used herein in a
generic sense to refer to any type of computer code or set of computer-executable
instructions that can be employed to program a computer or other processor to implement
various aspects of embodiments as discussed above. Additionally, it should be appreciated
that according to one aspect, one or more computer programs that when executed perform
methods of one or more embodiments described herein need not reside on a single computer
or processor, but may be distributed in a modular fashion among different computers or
processors to implement various aspects of the present invention.

[0074] Having herein described several embodiments, several advantages of

embodiments of the present application should be apparent. One advantage is that
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embodiments may allow for improvement of the acoustics of a listening space without
complex configuration and setup of multiple speakers. In particular, propagating
reverberance using incoherent radiators may be relatively straightforward compared with
propagating reverberance using coherent radiators, which typically require both careful
placement of multiple units and intensive calculations to produce the desired effect.

[0075] Another advantage of embodiments of the present application is that including
microphones within an audio system might normally be expected to cause the audio system
to be highly susceptible to feedback, but this may be mitigated by the nature of incoherent
loudspeakers.

[0076] Aspects of the techniques of acoustic reverberance control described herein
may be used in live musical performances, and in particular in an environment considered to
be “dry.” Concert halls typically are chosen for musical performances due to their natural
propensity for reverberating sound and producing a pleasing result to listeners within the
room. However, techniques described herein may allow a space not typically used for
musical performance due to its size and/or constituent features to be used effectively in
musical performance. For instance, instruments may be played in proximity to one or more
microphones of the systems described herein (e.g., system 100 and/or system 200) and
reverberant sound may be produced using the techniques described herein from the sound of
the instruments captured by the microphone(s).

[0077] In use cases in which a system like system 500 is positioned close to musical
instruments being played, it might generally be expected that sound produced from the
loudspeakers would cause feedback between the microphone and the speakers. However, by
producing incoherent sound from the speakers feedback may be avoided, and the sound of
the instruments may be produced from the system having both the sound content and
physical characteristics of naturally reverberant sound that might normally require a large
concert hall to produce. In some use cases, a beneficial positioning of a system like system
500 may be on the walls or otherwise adjacent to performers, may be behind, above and/or

in one or more aisles between audience members, and/or may not include loudspeakers or
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microphones in proximity to any of the musicians. In preferred use cases, an audio system
such as system 500 may be placed between performers and audience members.

[0078] Having thus described several aspects of at least one embodiment of this
invention, it is to be appreciated that various alterations, modifications, and improvements
will readily occur to those skilled in the art.

[0079] Such alterations, modifications, and improvements are intended to be part of
this disclosure, and are intended to be within the spirit and scope of the invention. Further,
though advantages of the present invention are indicated, it should be appreciated that not
every embodiment of the technology described herein will include every described
advantage. Some embodiments may not implement any features described as advantageous
herein and in some instances one or more of the described features may be implemented to
achieve further embodiments. Accordingly, the foregoing description and drawings are by
way of example only.

[0080] Various inventive concepts may be embodied as one or more methods, of
which examples have been provided. The acts performed as part of a method may be
ordered in any suitable way. Accordingly, embodiments may be constructed in which acts
are performed in an order different than illustrated, which may include performing some acts
simultaneously, even though shown as sequential acts in illustrative embodiments.

[0081] Use of ordinal terms such as “first,” “second,” “third,” etc., in the claims to
modify a claim element does not by itself connote any priority, precedence, or order of one
claim element over another or the temporal order in which acts of a method are performed,
but are used merely as labels to distinguish one claim element having a certain name from
another element having a same name (but for use of the ordinal term) to distinguish the
claim elements.

[0082] Also, the phraseology and terminology used herein is for the purpose of

2% <<

description and should not be regarded as limiting. The use of “including,” “comprising,” or

2% << 29 <l

“having,” “containing,” “involving,” and variations thereof herein, is meant to encompass

the items listed thereafter and equivalents thereof as well as additional items.

[0083] What is claimed is:
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CLAIMS

1. An audio system, comprising:
at least one microphone configured to capture ambient sound within a listening
space;
a diffuse radiator loudspeaker configured to produce incoherent sound waves; and
a reverberation processing unit configured to:
apply reverberation to at least a portion of ambient sound captured by the at
least one microphone, thereby producing modified sound; and
output the modified sound into the listening space via the diffuse radiator

loudspeaker.

2. The audio system of claim 1, wherein the diffuse radiator loudspeaker exhibits an

interaural cross-correlation (IACC) coefficient of less than 0.5.

3. The audio system of claim 1, wherein the reverberation processing unit is further
configured to output the ambient sound captured by the at least one microphone

synchronously with the output of the modified sound.

4. The audio system of claim 3, further comprising a subwoofer, and wherein the output

of the ambient sound is performed at least in part by the subwoofer.
5. The audio system of claim 1, wherein the reverberation processing unit is configured
to determine the reverberation based at least in part on one or more reverberation

characteristics of the listening space.

6. The audio system of claim 5, wherein the reverberation processing unit is further

configured to:
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output an audible measurement signal from the diffuse radiator loudspeaker and/or
from another loudspeaker; and

determine the one or more reverberation characteristics of the listening space based
on ambient sound captured by the at least one microphone while the audible measurement

signal is being output.

7. The audio system of claim 6, wherein the audible measurement signal comprises one
or more of: a pseudorandom noise signal, a time-stretched pulse signal and a sine-sweep

signal.

8. The audio system of claim 1, further comprising a digital signal processing unit
configured to perform processing of the ambient sound captured by the at least one

microphone and to output a result of the processing to the reverberation processing unit.

0. The audio system of claim 1, wherein the at least one microphone includes an

omnidirectional microphone.

10. The audio system of claim 1, wherein the diffuse radiator loudspeaker is a distributed

mode loudspeaker.

11. The audio system of claim 1, further comprising:
an audio source configured to output an audio signal; and
an audio processing unit configured to:
receive the audio signal; and
separate the audio signal into a direct sound portion and an early reflections

portion.

12. The audio system of claim 11, wherein the audio processing unit is further

configured to output the early reflections portion to the diffuse radiator loudspeaker.
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13. The audio system of claim 11, wherein the audio processing unit is further

configured to output the early reflections portion to a second diffuse radiator loudspeaker.

14. The audio system of claim 11, further comprising a direct radiator loudspeaker, and
wherein the audio processing unit is further configured to output the direct sound portion to

the direct radiator loudspeaker.

15. The audio system of claim 11, wherein the audio processing unit is further

configured to apply a delay to the early reflections portion.

16. The audio system of claim 11, wherein the early reflections portion consists of sound

originating between 5 ms and 80 ms after initiation of sound of the direct sound portion.

17. A method, comprising:
capturing ambient sound within a listening space using at least one microphone;
applying reverberation to at least a portion of the ambient sound captured by the at
least one microphone, thereby producing modified sound; and
outputting the modified sound into the listening space from an incoherent diffuse

radiator loudspeaker.

18. The method of claim 17, further comprising outputting the ambient sound captured

by the at least one microphone synchronously with said outputting of the modified sound.

19. The method of claim 17, wherein the reverberation applied is based at least in part on

one or more reverberation characteristics of the listening space.

20. The method of claim 19, further comprising:
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outputting an audible measurement signal from the diffuse radiator loudspeaker
and/or from another loudspeaker; and

determining the one or more reverberation characteristics of the listening space based
on ambient sound captured by the at least one microphone while the audible measurement

signal was being output.

21. The method of claim 20, wherein the audible measurement signal comprises one or

more of: a pseudorandom noise signal, a time-stretched pulse signal and a sine-sweep signal.

22. The method of claim 17, further comprising:
separating an audio source signal into a direct sound portion and an early reflections
portion; and

outputting the direct sound portion to a direct radiator loudspeaker.

23. The method of claim 22, further comprising outputting the early reflections portion

to a second diffuse radiator loudspeaker.

24. The method of claim 22, further comprising applying a delay to the early reflections

portion.
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