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A sound processing system adaptively mixes active matrix decoding and passive matrix processing of incoming audio signals.
Mixed output signals are generated with active matrix decoding where the audio signals are stereo. Mixed output signals are

generated with passive matrix processing where the audio signals are monaural. The sound processing system reduces the
degree of active matrix decoding in the mixed output signals where the incoming audio signals are stereo and monaural.

he

sound processing system also generates virtual stereo signals from incoming audio signals having monaural signals. Mixed output
sighals are generated of the virtual stereo signals using active matrix decoding.
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ABSTRACT

A sound processing system adaptively mixes active matrix decoding and
passive matrix processing of incoming audio signals. Mixed output signals are
generated with active matrix decoding where the audio signals are stereo. Mixed
output signals are generated with passive matrix processing where the audio signals
are monaural. The sound processing system reduces the degree of active matrix
decoding in the mixed output signals where the incoming audio signals are stereo and
monaural. The sound processing system also generates virtual stereo signals from
incoming audio signals having monaural signals. Mixed output signals are generated

of the virtual stereo signals using active matrix decoding.
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SOUND PROCESSING SYSTEM WITH DEGRADED
SIGNAL OPTIMIZATION

INVENTORS
Bradley F. Eid

William Neal House

BACKGROUND OF THE INVENTION

[0001]

1. Technical Field.
[0002] The invention generally relates to sound processing systems. More

particularly, the invention relates to sound processing systems having multiple

outputs.

2. Related Art.

[0003] Audio or sound system designs involve the consideration of many
different factors. The position and number of speakers, the frequency response of
each speaker, and other factors usually are considered in the design. Some factors
may be more pronounced in the design than others in various applications such as

inside a vehicle. For example, the desired frequency response of a speaker located on

an instrument panel of a vehicle usually i1s different from the desired frequency
response of a speaker located in the lower portion of a rear door panel. Other factors
also may be more pronounced.

[0004] Consumer expectations of sound quality are increasing. In some
applications, such as inside a vehicle, consumer expectations of sound quality have

iIncreased dramatically over the last decade. Consumers now expect high quality
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sound systems in their vehicles. The number of potential audio sources has increased
to include radios (AM, FM, and satellite), compact discs (CD) and their derivatives,
digital video discs (DVD) and their derivatives, super audio compact discs (SACD)
and their derivatives, tape players, and the like. Also, the audio quality of these
components 1s an important feature. It 1s well known that the signal strength and
character of received broadcasts, such as from an FM transmitter to an FM radio, vary
significantly. As the vehicle changes position with respect to the transmitter, strong
stereo signals, weak mono signals, and a continuum of signals with strengths and
characters in between may be received. Moreover, many vehicle audio systems
employ advanced signal processing techniques to customize the listening
environment. Some vehicle audio systems incorporate audio or sound processing that
1s similar to surround sound systems offered in home theater systems.

[0005] Many digital sound processing formats support direct encoding and
playback of five or more discrete channels. However, most recorded material is
provided in traditional two-channel stereo mode. Matrix sound processors synthesize
four or more output signals from a pair of input signals - generally left and right.
Many systems have five channels - center, left-front, right-front, left-surround, and
right-surround. Some systems have seven or more channels - center, left-front, right-
front, left-side, right-side, left-rear, and right-rear. Other outputs such as a separate
subwoofer channel, may also be included.

[0006] In general, matrix decoders mathematically describe or represent
various combinations of input audio signals in a N X 2 or other matrix, where N is the
number of desired outputs. The matrix usually includes 2N matrix coefficients that

define the proportion of the left and/or right input audio signals for a particular output
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signal. Typically, these surround sound processors can transform M input channels
into N output channels using a M x N matrix of coefficients.

[0007] Many audio environments, such as the listening environment inside
a vehicle, are significantly different from a home theater environment. Most home
theater systems are not designed to operate with the added complexities inside of a
vehicle. The complexities include non-optimal driver placement, varying background
noise, and varying signal characteristics. A vehicle and similar environments are
typically more confined than rooms containing home theatre systems. The speakers
in a vehicle usually are in closer proximity to the listener. Typically, there is less
control over speaker placement in relation to the listener as compared to a home
theater or similar environment where it 1s relatively easy to place each speaker the
same approximate distance from the listeners.

[0008] In contrast, it is nearly impossible in a vehicle to place each
speaker the same distance from the listeners when one considers the front and rear
seating positions and their close proximity to the doors, as well as the kick-panels,
dash, pillars, and other interior vehicle surfaces that could contain the speakers.
These placement restrictions are problematic considering the short distances available
in an automobile for sound to disperse before reaching the listeners. In many
applications within a vehicle, noise 1s a significant variable. Ambient noise in home
theatre systems usually remains relatively constant. However, ambient noise levels in
a vehicle can change with speed and road conditions. In addition to noise, the
received signal strength, such as of an FM broadcast, varies more as an automobile

changes location with respect to the transmission source than in the home

environment where the receiver is stationary.
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SUMMARY

[0009] This invention provides a sound processing system with adaptive
mixing of active matrix decoding and passive matrix processing. When incoming
audio signals are stereo, the sound processing system generates mixed output signals
having active matrix decoded signals. When incoming audio signals are monaural,
the sound processing system generates mixed output signals having passive matrix
processed signals. The adaptive mixing reduces or avoids slamming, when monaural
signals are routed only through the center channel, and other undesirable effects of
blending stereo and monaural signals.

[0010] The sound processing system also reduces the degree of active
matrix decoding in the mixed output signals when the incoming audio signals are
stereo and monaural. The sound processing system calculates a coherence in response
to the left and right audio signals. The coherence is the proportion of stereo and
monaural signals in the audio signals. The steering angles or degree of active matrix
decoding may be limited in response to the coherence.

[0011]  The sound processing system also adds an ambiance or synthetic
sound signal to the incoming audio signals when the audio signals have a monaural
signal. The ambiance signal and the coherence of the incoming audio signals are used
to generate left and right virtual stereo signals. The sound processing system
generates mixed output signals having active matrix decoded signals using the left and
right virtual stereo signals.

[0012]  Other systems, methods, features and advantages of the invention
will be, or will become, apparent to one with skill in the art upon examination of the

following figures and detailed description. It is intended that all such additional
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systems, methods, features and advantages be included within the description, be

within the scope of the invention, and be protected by the following claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0013] The invention can be better understood with reference to the
following drawings and description. The components in the figures are not
necessarily to scale, emphasis instead being placed upon illustrating the principles of
the invention. Moreover, in the figures, like references numerals designate
corresponding parts throughout the different views.

[0014] FIG. 1 is a block diagram of a vehicle including a sound processing
system.

[0015] FIG. 2 is a block diagram or flow chart of a sound processing

system.

[0016] FIG. 3 is a block diagram or flow chart of a sound processing
system.

[0017] FIG. 4 is a graph illustrating a suggested center channel volume
attenuation curve for global low volume (below normal) listening.

[0018] FIG. 5 is a block diagram or flow chart of a sound processing
system.

[0019]  FIG. 6 is a flow chart of a method for establishing a relationship
between the sound pressure level (SPL) and speed in a sound processing system:.

[0020]  FIG. 7 is a graph illustrating an SPL and speed relationship.

[0021]  FIG. 8 is a block diagram or flow chart of a sound processing

system.

[0022]  FIG. 9 illustrates mix ratios for a Logic 7% decoder.
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[0023] FIG. 10 illustrates mix ratios for a decoder.

[0024] FIG. 11 illustrates mix ratios for a discrete decoder.

[0025] FIG. 12 is a flow chart of a method for estimating coherence in a
sound processing system.

[0026] FIG. 13 is a flow chart of a method for spatializing a monaural

signal in a sound processing system.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

[0027] FIG. I is a block diagram of a vehicle 100 including an audio or
sound processing system (AS) 102, which may include any or a combination of the
sound processing systems and methods described below. The vehicle 100 includes
doors 104, a driver seat 109, a passenger seat 110, and a rear seat 111. While a four-
door vehicle 1s shown including doors 104-1, 104-2, 104-3, and 104-4, the audio
system (AS) 102 may be used in vehicles having more or fewer doors. The vehicle
may be an automobile, truck, boat, or the like. Although only one rear seat is shown,
larger vehicles may have multiple rows of rear seats. Smaller vehicles may have only
one or more seats. While a particular configuration 1s shown, other configurations
may be used including those with fewer or additional components.

[0028] The audio system 102 improves the spatial characteristics of

surround sound systems. The audio system 102 supports the use of a variety of audio

components such as radios, CDs, DVDs, their derivatives, and the like. The audio

system 102 may use 2-channel source material such as direct left and right, 5.1

channel, 6.2 channel, other source materials from a matrix decoder digitally

encoded/decoded discrete source material, and the like. The amplitude and phase

characteristics of the source material and the reproduction of specific sound field
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characteristics in the listening environment both play a key role in the successful
reproduction of a surround sound field. The audio system 102 improves the
reproduction of a surround sound field by controlling the amplitude, phase, and
mixing ratios between discrete and passive decoder surround signals and/or the direct
two-channel output signals. The amplitude, phase, and mixing ratios are controlled
between the discrete and passive decoder output signals. The spatial sound field
reproduction i1s improved for all seating locations by re-orientation of the direct,
passive, and active mixing and steering parameters, especially in a vehicle
environment. The mixing and steering ratios as well as spectral characteristics may
be adaptively modified as a function of the noise and other environmental factors. In
a vehicle, information from the data bus, microphones, and other transduction devices
may be used to control the mixing and steering parameters.

[0029] The vehicle 100 has a front center speaker (CTR speaker) 124, a
left front speaker (LF speaker) 113, a right front speaker (RF speaker) 115, and at
least one pair of surround speakers. The surround speakers can be a left side speaker
(LS speaker) 117 and a right side speaker (RS speaker) 119, a left rear speaker (LR
speaker) 129 and a right rear speaker (RR speaker) 130, or a combination of speaker
sets. Other speaker sets may be used. While not shown, one or more dedicated

subwoofer or other drivers may be present. Possible subwoofer mounting locations

include the trunk 105, below a seat (not shown), or the rear shelf 108. The vehicle

100 also has one or more microphones 150 mounted in the interior.

[0030] Each CTR speaker, LF speaker, RF speaker, LS speaker, RS
speaker, LR speaker, and RR speaker may include one or more speaker drivers such

as a tweeter and a woofer. The tweeter and woofer may be mounted adjacent to each

other in essentially the same location or in different locations. LF speaker 113 may
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include a tweeter located in door 104-1 or elsewhere at a height roughly equivalent to
a side mirror or higher and may include a woofer located in door 104-1 beneath the
tweeter. The LF speaker 113 may have other arrangements of the tweeter and woofer.
The CTR speaker 124 1s mounted in the front dashboard 107, but could be mounted 1n
the roof, on or near the rear-view mirror, or elsewhere in the vehicle 100.

[0031] FIG. 2 is a block diagram or a flow chart of a sound processing
system 202. In general, a head unit 212 provides a pair of audio signals to a sound
processor 203. The head unit 212 may include a radio, a digital player such as a CD,
DVD, or SACD, or the like. The audio signals generally are converted into the digital
domain and then decoded to produce multiple distinct decoded signals for a crossbar
matrix mixer 226. However, the digitally converted audio signals may be provided to
the crossbar matrix mixer 226 without decoding. The audio signals may be provided
to the crossbar matrix mixer without digital conversion. The audio signals may be
filtered or unfiltered. The decoded signals and audio signals (digitally converted or
not, filtered or not) are mixed in various proportions using the crossbar matrix mixer
226. 'The proportions range from one or more of the audio signals (digitally converted
or not, filtered or not) to one or more of the decoded signals, including combinations
of the audio and decoded signals. Pre-filter 236 may apply additional tone and
crossover filtering to the audio signals, as well as volume control and other controls.
Sound processor 203 converts the manipulated audio and decoded signals into the
analog domain. The analog output is amplified and routed to one or more speakers
288 such as the CTR speaker, LF speaker, RF speaker, LS speaker, RS speaker, LR
speaker, and RR speaker as discussed in relation to FIG. 1. While a particular
configuration and operation are shown, other configurations and operations may be

used including those with fewer or additional components.
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[0032] In operation, the primary source head-unit 212 generates a left
channe! 214 and a right channel 218. The left and right channels may be processed
similarly or differently. If the audio signals on the left channel 214 and right channel
218 are digital, the audio signals pass directly to pre-filter 236, decoder 228, or crossbar
matrix mixer 226. If the audio signals on left channel 214 and right channel 218 are
analog, the audio signals pass through one or more analog to digital converters (ADC)
220-1 and 220-2, and then pass to pre-filter 236, decoder 228, or crossbar matrix mixer
226. The pre-filter 236 includes one or more filters (not shown) that may provide
conventional filter functions such as allpass (crossover), lowpass, highpass, bandpass,
peak or notch, treble shelving, base shelving and/or other audio filter functions. In one
aspect, left channel 214 and right channel 218 are input directly into crossbar matrix
mixer 226. In another aspect, the left channel 214 and right channel 218 are input to
decoder 228. In a further aspect, the left channel 214 and right channel 218 are input to
pre-filter 236. Similarly, an optional secondary source 216 provides source signals
from navigation unit 234 and cellular phone 242 to analog to digital converters (ADC)
220-3 and 220-4, respectively. These digital source signals are input into crossbar
matrix mixer 226 or pre-filter 236.

[0033] From the primary-source digital inputs, such as direct from ADC
220-1 and ADC 220-2 or indirect from pre-filter 236, the decoder 228 generates
multiple decoded signals that are output to crossbar matrix mixer 226. In one aspect,
there are five decoded signals. In another aspect, there are seven decoded signals.
There may be other multiples of decoded signals including those for a subwoofer. The
decoder 228 may decode inherently digital inputs, such as DOLBY DIGITAL AC3® or
DTS" signals, into multi-channel outputs. The decoder 228 may decode encoded

2-channel inputs, such as Dolby Pro Logic 1%, Dolby Pro Logic II*, or DTS Neos 6°
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signals, into multi-channel outputs. The decoder 228 may apply other decoding
methods, such as active matrix, to generate multi-channel outputs. Inherently digital
inputs can result in 5.1 output - LF (left-front), CTR (center), RF (right-front), LR
(left-rear), RR (right-rear), and LFE (low frequency). Inherently digital inputs also
can result in 6.2 output - LF, CTR, RF, LS (left-side), RS (right-side), LR, RR, left
LFE, and right LFE. Inherently digital inputs can result in other outputs. Similarly,
an active matrix processed 2-channel input can result in 4.0 output - LF, CTR, RF,
and S (surround)). The channels output by these types of decoders are referred to as
discrete. Other multi-channel outputs may result.

[0034] In addition to the audio and secondary source signals, the outputs
from decoder 228 can be input to crossbar matrix mixer 226. The crossbar matrix
mixer 226 outputs two or more summed signals 258. In one aspect, there are four or
more output signals 258. There may be other multiples of output signals. The crossbar
matrix mixer 226 may include individual channel inputs and may include virtual
channel processing. The generated virtual channels can be actively modified with
mixing ratios according to inter-channel coherence factors and active steering signal
parameters. The virtual channels may be further utilized to process any signal
presented in the crossbar matrix for various complex sound effects.

[0035] Mixed output signals 258 from crossbar matrix mixer 226 are input
to post-tilter 260, which includes one or more digital filters (not shown) that provide
conventional filter functions such as allpass, lowpass, highpass, bandpass, peak or
notch, treble shelving, base shelving, other audio filter functions, or a combination. The
filtration performed by post-filter 260 is in response to input signal 261, which may

include: vehicle operation parameters such as a vehicle speed and engine revolutions-

per-minute (RPM); sound settings such as tone level, bass level, treble level, and global

10
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volume from the head unit 212; input sound pressure level (SPL) from interior
microphones 150-1, 150-2, and/or 150-3 (see Fig. 1); or a combination. In one aspect, a
two channel filter 236 is placed before the decoder 228. In another aspect, a multi-
channel post-tilter 260 is placed after the crossbar matrix mixer 226 for use with digital
decoders that process DOLBY DIGITAL AC3® and DTS® signals. The multi-channel
post-filter 260 may have three or more output channels.

[0036] An output 262 of filter 260 is connected to a volume gain 264.
Volume gain 264 applies global volume attenuation to all signals output or localized
volume attenuation to specific channels. The gain of volume gain block 264 is
determined by vehicle input signals 266, which are indicative of vehicle operation
parameters. In one aspect, vehicle input signals 266 include vehicle speed provided by
a vehicle data bus (not shown). In another aspect, vehicle input signals 266 include
vehicle state signals such as convertible top up, convertible top down, vehicle started,
vehicle stopped, windows up, windows down, ambient vehicle noise (SPL) from
interior microphone 150-1 placed near the listening position, door noise (SPL) from
door microphone 150-2 placed in the interior of a door, and the like. Other input
signals such as fade, balance, and global volume from the head unit 212, the navigation
unit 234, the cellular phone 242, or a combination may be used.

[0037]  An output 268 of volume gain 264 is input to a delay 270. An

output 272 of delay is input to a limiter 274. An output 276 of the limiter 274 is input

to a digital to analog (DAC) converter 278. The limiter 274 may employ clip detection
280. An output 282 of the DAC 278 is input to an amplifier 284. An output 286 of the

amplifier 284 is input to one or more speakers 288.
[0038]  While operating in the digital domain, the sound processing system

202 can decode digitally encoded material (DOLBY DIGITAL AC3®, DTS®, and the

11
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like) or originally analog material, such as monaural, stereo, or encoded tracks that are
converted into the digital domain. To decode these analog signals, the decoder can
employ one or more active matrix decoding techniques, including DOLBY PRO
LOGIC® or LOGIC 7%, and various environment effects, including hall, club, theater, |
etc. For active matrix decoding, the decoder converts the left and right channel inputs
to center, left, right, and surround channel outputs. Optionally, the decoder can output
a low-frequency channel, which is routed to a subwoofer.

[0039] Active matrix decoding applies digital processing techniques to
significantly increase the separation between the center, left, right, and surround
channels by manipulating the input signals. In one aspect, active matrix channel
separation 1s about 30 db between all four channels. Active matrix processing can be
employed where coefficients change with time, source, or any other parameter. Virtual
center channels can be synthesized from left and right speakers.

[0040] Passive matrix processing uses a resistive network to manipulate
analog Input signals. Passive matrix processing also may be achieved in the digital
domain from digitized input. Passive matrix processing may be implemented in the
crossbar matrix mixer 226 or elsewhere in the sound processing system. Passive matrix
processing may be used without active matrix processing, as in systems without a
surround sound decoder, or in combination with a surround sound decoder. In one

aspect, the user selects between active decoding or passive processing. In another
aspect, the processing system selects the type of processing based on the audio signals.

[0041]  In addition to its use in an automobile, passive matrix processing of

a digitized signal 1s beneficial in home and automobile environments and especially for
degraded signals as described below. Unlike active matrix processing, which can

achieve 30 db of separation between the channels, passive matrix processing generally

12
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has >40 db of separation between the left and right and center and surround channels,
but only about 3 db of separation between adjacent channels, such as the left/right and
center, and left/right and surround. In this respect, active matrix processing achieves
about an order of magnitude greater separation than passive matrix. Unlike an active
matrix system which will route monaural signals only through the center channel,
passive matrix processing results in all speakers passing the audio signal. Thus, passive
matrix processing may be used to reduce slamming and other undesirable effects of
stereo to mono blending for sources including amplitude modulation (AM) radio,
frequency modulation (FM) radio, CD, and cassette tapes.

[0042] To accomplish passive matrix processing in the digital domain, the
crossbar matrix mixer 226 mixes N output channels from the left and right audio input
channels 214 and 218. The passive matrix includes matrix coefficients that do not
change over time. In one aspect, N is equal to five or seven. When N is equal to five,
the vehicle sound system preferably includes left front (LF), right front (RF), right side
(RS) or right rear (RR), left side (LS) or left rear (LR) and center (CTR) speakers.
When N is equal to seven, the vehicle sound system has both side and rear speaker
pairs.

[0043] To increase the tonal qualities of reproduced sound, whether from a
surround sound processor or otherwise, distortion limiting filters may be used. Sound

processing system 202 may incorporate one or more distortion limiting filters in the
pre-filter 236 or post-filter 260. In one aspect, these filters are set based on vehicle

state information and user settings in addition or in-lieu of the properties of the audio

signal itself.

[0044] At elevated listening levels, sound distortion increases. This

Increase may be in response to the applied filter gain (loudness compensation) or

13
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other sources, such as amplifier clipping or speaker distortion. By applying filter
attenuation at a predetermined or high volume level, sound quality may be increased. -
A predetermined volume level can be a global volume setting preset by the
manufacturer or selected by a user of the sound processing system. The
predetermined volume level also can be a sound pressure level as discussed. A higher
elevated volume level 1s when the global volume setting exceeds a high volume
threshold. This attenuation may be applied to signals with previously applied filter
gain or the “raw” signal. Attenuation may be accomplished by coupling the treble
shelt, base shelf, or notch filter (or any combination of these filter functions or others)
to the global volume position, and engaging the attenuation filters as desired.

[0045] In a similar fashion, sound quality may also be improved at
predetermined or elevated listening levels by tone filter attenuation. This attenuation
may be applied to previously tone compensated signal or the “raw” signal. Tone filter
attenuation may be incorporated into filter block 236 or 260. The attenuation may be
accomplished by coupling one or multiple filters (treble shelf, base shelf, notch, or

others) to the bass, treble, or midrange tone controls, and engaging the attenuation

filters as desired.

[0046] While these attenuations can be made solely on the basis of the
position of the global volume and/or and tone controls, attenuation may also be

applied by dynamically compensating the amount of attenuation through the use of

SPL intormation provided by an in-car microphone, such as the interior microphone

150-1 (see FIG. 1).

[0047]  In another aspect, the crossbar matrix mixer 226 performs adaptive
mixing to alter the inter-channel mixing ratios, steering angles, and filter parameters

between the discrete channel outputs from decoder 228 to improve spatial balance and

14
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reduce steering artifacts. Spatial balance can be thought of as the evenness of the
soundstage created and the ability to locate specific sounds in the soundstage.
Steering artifacts may be thought of as audible discontinuities in the soundstage, such
as when you hear a portion of the signal from one speaker location and then hear it
shift to another speaker location. Also, if the steering angles are overly aggressive,
you can hear over-steering, or “pumping,” which changes the volume of the signal.
The mixer can mix direct, decoded, or passively processed signals with discrete, non-
steered, or partially-steered signals to improve the spatial balance of the sound heard
at each passenger location. This improvement can be applied to music signals, video
signals, and the like.

[0048] FIG. 3 is a block diagram or flow chart of a sound processing
system 302. The sound processing system 302 has a sound processor 303 that
recetves lett and right channel signals 314 and 318 from a head-unit or other source
(not shown). The left and right channel signals 314 and 318 are input to analog-to-
digital converters (ADC) 320-1 and 320-2. Outputs of the ADC 320-1 and 320-2 are
input to a decoder 328. Outputs of the decoder 328 are input to a crossbar matrix
mixer 326, which generates the LFqy, RFou, RSou/RRout, LSou/LRout. and CTR gy
output signals 344, 345, 346, 347 and 343, respectively. CTR,, signal 343 is output
to a center channel volume compensator 341, which also receives a volume input 361
from a head unit or another source such as a vehicle data bus. The center channel
compensator 341 reduces the gain of the center channel for low volume settings in
relation to the left and right outputs (LF,y, RFou, RSout LSout RRout, and LRgy). Low
volume settings are when the global volume setting is equal or less than a threshold

volume, which may be predetermined or correlated to another parameter.

15
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[0049] FIG. 4 is a graph illustrating a suggested center channel
gain/volume relationship.  There may be other center channel gain/volume
relationships. The center channel volume compensator 341 (see Fig. 3) provides
attenuation of the center channel for low global volume levels. More particularly, the
center channel volume compensator 341 attenuates the center channel for lower than
normal listening levels. Without attenuation at low global volume settings, the music
sounds like 1t emanates only from the center speaker. The center speaker essentially
masks the other speakers in the audio system. By attenuating the center speaker at
lower global volume levels, improved sound quality is provided by the sound
processor 302. The music sounds like it emanates from all the speakers.

[0050] [n a similar fashion, front and rear channel volume compensators
346 and 348 (see FIG. 3) may be used to increase the volume on the LF, RF, LS, LR,
and RS, RR speakers 113, 115, 117, 129, 119, and 130 in relation to the center
speaker 124 (see FIG. 1). By increasing the left and right channel volume in relation
to center channel volume, a similar low global volume level compensation effect is
achieved. In contrast to the center channel volume compensator 341, the volume

compensation curve applied to the front and rear channels could be the inverse of that

shown 1n FIG. 4.

[0051] FIG. 5 is a block diagram or flow chart of a sound processing
system 502 1s shown that adjusts for variations in background sound pressure level
(SPL). As speed increases, the background SPL and road noise increase. The road
noise tends to mask or cancel sound coming from door-mounted speakers. The sound
processing system 502 applies additional gain to the door-mounted speakers as a

function of the vehicle operation parameters such as speed, the SPL. measurements
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from an interior microphone such as the door mounted microphone 150-2 or the
interior microphone 150-1 (see FIG. 1), or a combination.

[0052] The sound processing system 502 receives left and right channel
signals 514 and 518 from a head unit or other source (not shown). The left and right
channel signals 514 and 518 are input to analog to digital converters (ADC) 520-1 and
520-2. Outputs of ADC’s 520-1 and 520-2 are input to decoder 528. Outputs of the
decoder 528 are input to a crossbar matrix mixer 526. The crossbar matrix mixer 526
generates LI, RF, LS/LR, RS/RR, and CTR output signals. The signals that are sent
to door-mounted speakers are adjusted to account for changes in the SPL. The door-
mounted speakers may be the LF and RF only, the LS and RS only, or the LF, RF,
LS, and RS, or another combination of speakers. In one aspect, the LF and RF
speakers may be in the doors and the LR and RR are in the rear deck. In another
aspect, the LF and RF speakers may be in the kick panels, and the LS, RS, LR and RR
speakers are door-mounted. In a further aspect, the LF, RF, LR, and RR speakers are
all in the doors. The CTR speaker is not door-mounted. In yet a further aspect, a

single surround speaker is mounted in the rear shelf 108 (see FIG. 1).

[0053] The outputs of the crossbar matrix mixer 526 that are associated
with door-mounted speakers are output to a door-mounted speaker compensator 531.
The door-mounted compensator 531 also receives vehicle status input 566, which may
be received from a vehicle data bus or any other source. The vehicle status input 566
may be the vehicle speed, the door noise, and the like. By providing additional gain
as a function of vehicle speed to the door-mounted speakers, audio quality is
improved. In one aspect, the compensator 531 may receive a SPL signal in real-time

from a microphone 150-2 mounted in the interior of a door or microphone 150-1
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mounted in the interior of the vehicle. In thi's manner, volume correction may be
applied as a function of vehicle speed and door SPL levels, or SPL level a]oné.

[0054] FIG. 6 is a flow chart of a method for establishing a relationship
between sound pressure level (SPL) and vehicle speed 1in a sound processing system.
Ambient SPL 1s measured 651 1n the vehicle with the engine running at 0 mph and
with the head unit and other audio sources turned off. The SPL 1s recorded 652 as a
function of speed. The results are plotted 653. Linear, non-linear, or any other form
of curve fitting may be employed on the measured data. Adjustments are applied 654
to door-mounted speakers.

[0055] FIG. 7 is a graph illustrating an SPL to vehicle speed relationship.
Dotted line A shows uncorrected gain for all speakers as a function of speed. Solid
line B shows corrected gain for door-mounted speakers. The door-mounted speaker
compensator 531 (see FIG. 5) employs the corrected gain for door-mounted speakers
to improve audio quality.

[0056] FIG. 8 is a block diagram or flow chart of a sound processing
system 802 having a virtual center channel. FIG. 9 illustrates mix ratios for a Logic7“
decoder. FIG. 10 illustrates alternate mix ratios for a decoder. FIG. 11 illustrates mix
ratios for a discrete decoder. The sound processing system 802 generates a virtual
center channel 140 (see FIG. 1) for rear seat occupants. Usually, there is no center

speaker in the rear of a vehicle. Additionally, the front seats tend to block the sound
from the center speaker reaching rear seat occupants. This problem is more apparent
in vehicles having multiple rows of seating such as sport utility vehicles and vans. In

one aspect, a virtual center channel is created by modifying the ratios of direct and
actively decoded or passively processed signals. The steering, gain, and/or signal

delay for selected audio channels may also be modified. In another aspect, the sound
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quality of the virtual center channel may be improved by utilizing various mix ratios
of decoded, passive matrix processed, and direct signals singularly or in combination
that are processed with band limited first to fourth order all-pass filters (crossovers).

[0057] In FIG. 9, crossbar matrix mixer 826 generates the virtual rear seat
center channel 140 using the LSy and RSy signals in combination with either the
LFin and RFy signals. The crossbar matrix mixer 826 generates the virtual rear
center speaker 140 by mixing 60 % LSy with 40% LF and by mixing 60 % RSy
with 40 % RFn Other mix ratios may be used. The LFy and RFy signals could be
the direct left and right channel signals that do not pass through the decoder. The left
and right channel signals contain sufficient information to generate the virtual center
channel for use with typical stereo reproduction and to generate the modified signals
to alter the side and rear signals.

[0058] In FIG. 10, the crossbar matrix mixer 826 also generates the virtual
rear seat center channel 140 using the LSy and RSy signals in combination with
either the LFy and RFy signals or the CTRy signal. However, the crossbar matrix
mixer 826 generates the virtual rear center speaker 140 by mixing 80 % LS with
20% LFyand by mixing 80 % RSy with 20 % RFn. In one aspect, these mix ratios
are used when either or both LFy and RFy have strong CTR components. Other mix
ratios may be used. Some decoders have significant center channel interaction that

bleeds into LFy and RFy. For these decoders, the LF;y and RF signals alone may

be used to generate the phantom center.

[0059] In FIG. 11, the crossbar matrix mixer 826 generates the virtual rear
center speaker 140 by mixing LS;y and CTRy and by mixing RSy and CTRy signals.

The crossbar matrix mixer 826 generates the virtual rear center speaker 140 by mixing

80% LSiv with 20% CTRy and by mixing 80% RSy with 20% CTRyn. Other mix
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ratios may be used. In addition, the mix ratio may vary depending upon the particular
vehicle and/or audio system.

[0060] Referring to FIG. 8, the RS and LS outputs pass through an allpass
network 810. When created, the virtual rear seat center channel may not image well.
In other words, the virtual rear channel may sound like 1t emanates from a source that
1s positioned low in the vehicle especially if generated from low-mounted door
speakers. The center soundfield image 1s “blurred” and not reproduced at the location
intended. Allpass networks improve the imaging and stability of the virtual center,
making the listener believe the center sound stage is located higher in the vehicle such
as nearer ear level.

[0061] The RS and LS outputs pass through an allpass network 825. Due
to space requirements in a vehicle, the size (diameter and depth) of the CTR speaker
may be restricted in comparison to the front and rear door speaker locations. With a
smaller size, the CTR channel speaker is not capable of reproducing the lower
frequencies as well as the larger door speakers. The resulting effect of this restriction
causes a “spatial blurring” of the CTR speaker sound image as the CTR signal
transcends from high to low frequencies or vice-a-versa. By processing either a
portion (as defined by frequency bandwidth and or mixing level) or all of the LF and
RF signals through an allpass network, the CTR channel’s lower frequencies are

perceived as emanating from the smaller CTR speaker. The imaging and stability of

the center channel lower frequencies are improved.

[0062]  Traditional surround sound processors produce low quality sound
from mono and mixed mono-stereo signals. As the system switches between stereo
and mono reception due to degraded signal strength, the decoders create a

“slamming” effect between the center and other channels. Slamming occurs when the
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stereo signal, which ts being sent to all the speakers, degrades to a monaural signal,
and 1s only sent to the center speaker. The listener perceives the sound to rapidly
transition, or slam, from throughout the vehicle to only the front-center of the vehicle,
and back to throughout the vehicle, as the signal switches from stereo, to mono, and
back to stereo.

[0063] FIG. 12 is a flow chart of a method for estimating coherence in a
sound processing system. Coherence is the proportion of stereo and monaural signals
In the incoming audio signals. In response to this coherence estimator, the degree or
steering of active matrix decoding is reduced during the processing of mixed
monaural-stereo or monaural only signals. While reducing the amount of applied
steering decreases the sound quality in comparison to fully steered stereo signals,
steering reduction is preferable to slamming and other acoustic abnormalities that
often result from fully steering mixed or monaural signals.

[0064] To establish a coherence value using the coherence estimator, the
left and right channel inputs are band-limited 1255. A value of 0 is assigned to a pure
stereo signal (no signal overlap between channels) and a value of 1 is assigned to a
pure monaural signal (complete overlap between channels). Values between 0 and 1
are assigned to mixed monaural/stereo signals in direct proportion to their stereo
versus monaural character. The coherence C is calculated 1256. Estimates of

steering angles for the left channel output verses the right channel output and for the

center OUtput channel verses the surround channel output are determined 1257. The
center verses surround and the left verses right steering angles are limited 1259 as a
function of the calculated coherence value C.

[0065] By continually limiting the steering angle as a function of the

sterco/mono character of the received signal, the system transitions between full
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active steering verses limited steering angle processing. Through continuous updating
of the coherence value, steering angles are continually optimized for the available
received signal. By smoothing the steering angle transitions, slamming is reduced.

[0066] In one aspect, the coherence value C is defined as follows:

5 C = P? r’PiL * Prr = coherence, where:
P = power of left input signal;
Prr = power of right input signal; and
P1r = cross-power of left and right input signals.
Thus, when C = 1.0, the source is pure monaural, and when C = 0.0, the source is pure
10 stereo.

[0067] When the low-frequency bass content of signals, even those that
are otherwise purely stereo, contains an overlap in the bass frequencies due to the
non-directional character of base frequencies, the coherence estimator first band-
limits the left and right input signals before calculating the coherence value. In this

15  fashion, the coherence estimate is not skewed by music with large bass content.

[0068] The active matrix decoder may be designed so that when:
center signal/surround signal = left signal/right signal = 0,
the matrix from the decoder collapses to:

LFout = Lin, RFout = Fin, LSout = Lin,

20 RSout = Rin, CTRoy = 0.707 (Lin + Rin);
which is a stereo, non-surround matrix.

Thus, the degree of surround sound enhancement or steering is made a

function of the coherence value, where:

CTR/S angle = f(CTR/Smeasured C).

25 L/R angle = f(L/Reasured, C), and
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S is the surround signal.

[0069] In one aspect, this function may be implemented as follows:

Y crrss = (1-alpha) Xctrs + (alpha) Xstereo 1T C > stereo threshold; and

Y crris = (1-alpha) Xcerrss + (alpha) Xionaurar 1f otherwise; where

Ycrris = CTR/S angle passed to decoder for processing,

Xctrs = “raw” CTR/S angle measurement,

C = coherence (1.0 = mono, 0.0 = stereo),

Alpha = a scale factor that is much less than 1.0, such as 0.02 to 0.0001,

Xstereo — CTR/S stereo steering limit, and

Xmonaural = CTR/S monaural steering limit.

[0070] FIG. 13 is a flow chart of a method for spatializing a monaural
signal in a sound processing system. In one aspect, the coherence estimator (see
FIG. 12) 1s adapted for use with the monaural spatializer. This monaural spatializer
may be used to add ambience to a pure or nearly pure monaural signal. By adding
information to monaural feeds, the monaural signals can be processed by an active
surround processor such as Dolby Pro Logic 1%, Dolby Pro Logic I1®, DTS Neos 6®
processors, and the like. Thus, monaural sound quality can be improved. While
beneficial to the automotive platform, home systems may also benefit from the
increased sound quality achieved by actively processing the virtual stereo signals
created from pure, or nearly pure, monaural feeds.

[0071]  In the monaural spatializer, a synthetic surround (ambiance) signal
St 1s continuously formed 1363. In one aspect, S¢can be derived by band-limiting the
Lraw and Ry input signals to about 7 kHz and above, summing these L. and R band-
limited signals, and dividing this sum by two. In another aspect the input signals are

first summed and divided prior to band-limiting. A coherence estimate value (C) may
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be continuously calculated 1365 for the L and R input signals as described above.
The raw input signals (L;,w and R,y) are continuously modified 1367 in response to
the raw input signals and a weighted sum of the S¢ signal formation 1363 and the
coherence calculation 1365 to generate virtual stereo signals L, and R,. The virtual
stereo signals L; and R; are output 1369 to an active decoder for surround sound
processing.

[0072] The monaural spatializer may be designed so that from a pure, or
nearly pure monaural signal, virtual stereo signals are generated that can produce LF
and RF signals that are from about 3 to about 6 db down from the CTR signal, and a
surround signal that 1s about 6 db down from the CTR signal. The virtual stereo
signals L; and R; may be input to an active decoder. L, and R; may be derived from
monaural or nearly monaural L,y and R, signals that are band-limited to about 7
kHz thus generating Ly, and Ry,;. The derivation L;and R is as follows:

St= (Lb1 + Rp1)/2;

Li = (X*Lpw) + (Y* S¢* O);

Ri = (X*Rraw) + (Y* S¢* C);
where St is the synthetic surround signal,

Ly and Ry are the band-limited raw input signals,

C 1s the coherence value between 0.0 and 1.0 as described above,
X 1s 1.707 or a different weighting factor, and

Y 18 0.7 or a different weighting factor.

[0073] The weighting factors X and Y may be varied depending on the
surround sound effects desired. Thus, if the coherence estimator determines a signal
to be purely or nearly pure monaural in character, surround information is added to

the signal prior to active decoding. However, as C approaches 0 (pure stereo), the
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amount of synthetic surround is reduced, thus eliminating virtual stereo in favor of
true stereo as the stereo character of the signal increases. Thus, through the
combination of the coherence estimator, the monaural spatializer, and active
decoding, the sound quality of various monaural and degraded sterco signals may be
improved. In addition or in lieu of a coherence estimator, a recetved signal strength
estimator may also be used to alter the degree or steering of active matrix processing.

[0074] The sound processing systems are advantageous for automotive
sound systems. However, in many instances, they may be beneficially used in a home
theater environment. These systems also may be implemented in the vehicle through
the addition of add-on devices or may be incorporated into vehicles with the requisite
processing capabilities already present.

[0075] Many of the processing methods described can be performed in the
digital or analog domains. A single digital processing system of sufficient
functionality can implement the disclosed embodiments, thus eliminating the
requirement for multiple analog and/or digital processors. Such a digital processor
can optionally transform any appropriate digital feed, such as from a compact disc,
DVD, SACD, or satellite radio. Alternatively, the digital processor can incorporate an
analog to digital converter to process an analog signal, such as a signal previously
converted from digital to analog, an AM or FM radio signal, or a signal from an
inherently analog device, such as a cassette player.

[0076] The sound processing systems can process 2-channel source
material, and may also process other multiple channels such as, 5.1 and 6.2 multi-
channel signals if an appropriate decoder is used. The system can improve the spatial

characteristics of surround sound systems from multiple sources.
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[0077] In addition to digital and analog primary source music signals, the
sound processing systems can process sound-inputs from any additional secondary
source, such as cell phones, radar detectors, scanners, citizens band (CB) radios, and
navigation systems. The digital primary source music signals include DOLBY
DIGITAL AC3®, DTS®, and the like. The analog primary source music signals
include monaural, stereo, encoded, and the like. The secondary source signals may be
processed along with the music signals to enable gradual switching between primary
and secondary source signals. This is advantageous when one is driving a vehicle and
desires music to fade into the background as a call is answered or as a right turn
instruction 1s received from the navigation system.

[0078] While many factors may be considered, two factors that play a role
in the successful reproduction of a surround sound field in an automobile are
amplitude and the phase characteristics of the source material. The sound processing
systems include methods to improve the reproduction of a surround sound field by
controlling the amplitude, phase, and mixing ratios of the music signals as they are
processed from the head-unit outputs to the amplifier inputs. These systems can
deliver an improved spatial sound field reproduction for all seating locations by re-
orientation of the direct, passive, or active mixing and steering parameters according
to occupant location. The mixing and steering parameters according to occupant

location. The mixing and steering ratios, as well as spectral characteristics, may also

be moditied as a function of vehicle speed and/or noise in an adaptive nature.

[0079]  While various embodiments of the invention have been described,
it will be apparent to those of ordinary skill in the art that more embodiments and

implementations are possible that are within the scope of the invention.
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CLAIMS

What is claimed 1s:

1. A method of processing sound comprising:

recelving left and right audio signals;

comparing the left and right audio signals;

during decoding selectively transitioning between full active steering angle
processing and limited steering angle processing of the left and right audio signals
based on variations in a degree of similarity of the left and right audio signals; and

transitioning toward full active steering angle processing when the degree of
similarity between the left and right audio signals decreases, and transitioning toward
limited steering angle processing when the degree of similarity between the left and

right audio signals increases.

2. The method of claim 1, where comparing the left and right audio signals
comprises assigning a single coherence value to the left and right audio signals that is

indicative of a degree of overlap of the left and right audio signals.

3. The method of claim 1, where comparing the left and right audio signals

comprises determining a coherence between the left and right audio signals.

4, The method of claim 1, where comparing the left and right audio signals

comprises determining a received signal strength of the left and right audio signals.

. The method of claim 1, further comprising during decoding generating

steering angles to be applied to the left and right audio signals based on the full active
steering angle processing and limited steering angle processing, and limiting the

steering angles only when the similarity of the left and right audio signals increases.

6. The method of claim 1, where during decoding selectively transitioning
comprises substantially continuously updating the degree of similarity, and selectively

transitioning when the updated degree of similarity changes from the previous degree

of similarity.

27



CA 02741722 2011-12-07

7. The method of claim 1, where during decoding selectively transitioning
comprises transitioning to limited steering angle processing when the degree of

similarity is greater than a determined stereo threshold.

8. A sound processing system for processing a left and a right audio signal
comprising:

a processor;

a coherence estimator executable with the processor to determine a single
coherence value indicative of a degree of coherence between the left and right audio
signals; and

a decoder configured to decode the left and right audio signals to produce a
left channel output, a right channel output, a center channel output and a surround
channel output,

where the decoder is further configured to calculate steering angles for each of

the lett channel output, the right channel output, the center channel output and the

surround channel output,

and where the decoder is further configured to selectively limit the steering
angles when the single coherence value is indicative of a mixed monaural-stereo

signal or a monaural signal.

9. The sound processing system of claim 8, where the decoder is further
configured to enable full active steering with the steering angles when the coherence

value 1s indicative of a stereo signal.

10.  The sound processing system of claim 8, where the decoder is further

contigured to selectively limit the center surround steering angle when the single

coherence value is indicative of a mixed monaural-stereo signal or a monaural signal.

11.  The sound processing system of claim 8, where the decoder is further
configured to selectively limit the left-right steering angle when the coherence value

s indicative of a mixed monaural-stereo signal or a monaural signal.

2. The sound processing system of claim 8, where the coherence value is

determinable based on the power of the left and right audio signals.
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13.  The sound processing system of claim 8, where the coherence estimator is
executable to substantially continuously update the coherence value to optimize the

steering angles.

14.  The sound processing system of claim 8, where the coherence estimator is

executable to band limit the audio signals to remove low frequency content.

15. The sound processing system of claim 8, where the coherence value is

determined by,
Coherence value = Py r*/P;1 * Prr
where P r 1s the cross-power of the left and right input signals, Py, is the power of the

left input signal, and Pgrg is the power of the right input signal.
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