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(57) ABSTRACT

An integrated individual listening device and decoder for
receiving an audio signal including a decoder for decoding
the audio signal by separating the audio signal 1mto a voice
signal and a background signal, a first end-user adjustable
amplifier coupled to the voice signal and amplifying the voice
signal; a second end-user adjustable amplifier coupled to the
background signal and amplifying the background signal; a
summing amplifier coupled to outputs of said first and second
end-user adjustable amplifiers and outputting a total audio
signal, said total signal being coupled to an individual listen-
ing device.
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VOICE-TO-REMAINING AUDIO (VRA)
INTERACTIVE HEARING AID AND
AUXILIARY EQUIPMENT

Matter enclosed in heavy brackets | ] appears in the
original patent but forms no part of this reissue specifica-
tion; matter printed in italics indicates the additions
made by reissue.

CROSS REFERENCE TO RELATED
APPLICATIONS

The present application claims the benefit of U.S. provi-
sional patent application Ser. No. 60/139,243 entitled “Voice-
to-Remaining Audio (VRA) Interactive Hearing A1d & Aux-
iliary Equipment,” filed on Jun. 15, 1999.

This patent application is a reissue application for com-
monly assigned U.S. Pat. No. 6,985,594, issued from U.S.
patent application Ser. No. 09/593,149, filed on Jun. 14, 2000.

FIELD OF THE INVENTION

Embodiments of the present invention relate generally to
processing audio signals, and more particularly, to a method
and apparatus for processing audio signals such that hearing
impaired listeners can adjust the level of voice-to-remaining
audio (VRA) to improve their listening experience.

BACKGROUND OF THE INVENTION

As one ages and progresses through life, over time due to
many factors, such as age, genetics, disease, and environmen-
tal effects, one’s hearing becomes compromised. Usually, the
deterioration 1s specific to certain frequency ranges.

In addition to permanent hearing impairments, one may
experience temporary hearing impairments due to exposure
to particular high sound levels. For example, after target
shooting or attending a rock concert one may have temporary
hearing impairments that improve somewhat, but over time
may accumulate to a permanent hearing impairment. Even
lower sound levels than these but longer lasting may have
temporary impacts on one’s hearing, such as working in a
factory or teaching in a elementary school.

Typically, one compensates for hearing loss or impairment
by 1increasing the volume of the audio. But, this simply
increases the volume of all audible frequencies in the total
signal. The resulting increase 1n total signal volume waill
provide little or no improvement 1n speech intelligibility,
particularly for those whose hearing impairment 1s frequency
dependent.

While hearing impairment increases generally with age,
many hearing impaired individuals refuse to admat that they
are hard of hearing, and therefore avoid the use of devices that
may improve the quality of their hearing. While many elderly
people begin wearing glasses as they age, a significantly
smaller number of these individuals wear hearing aids,
despite the significant advances 1n the reduction of the size of
hearing aids. This phenomenon 1s indicative of the apparent
societal stigma associated with hearing aids and/or hearing
impairments. Consequently, 1t 1s desirable to provide a tech-
nique for improving the listening experience ol a hearing
impaired listener in a way that avoids the apparent associated
societal stigma.

Most audio programming, be 1t television audio, movie
audio, or music can be divided into two distinct components:
the foreground and the background. In general, the fore-
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ground sounds are the ones intended to capture the audiences
attention and retain their focus, whereas the background
sounds are supporting, but not of primary interest to the
audience. One example of this can be seen 1n television pro-
gramming for a “sitcom,” in which the main character’s
voices deliver and develop the plot of the story while sound
elfects, audience laughter, and music fill the gaps.

Currently, the listening audience for all types of audio
media are restricted to the mixture decided upon by the audio
engineer during production. The audio engineer will mix all
other background noise components with the foreground
sounds at levels that the audio engineer prefers, or at which
the audio engineer understands have some historical basis.
This mixture 1s then sent to the end-user as either a single
(mono) signal or 1n some cases as a stereo (left and right)
signal, without any means for adjusting the foreground to the
background.

The lack of this ability to adjust foreground relative to
background sounds 1s particularly difficult for the hearing
impaired. In many cases, programming 1s difficult to under-
stand (at best) due to background audio masking the fore-
ground signals.

There are many new digital audio formats available. Some
of these have attempted to provide capability for the hearing
impaired. For example, Dolby Digital, also referred to as
AC-3 (or Audio Codec version 3), 1s a compression technique
for digital audio that packs more data into a smaller space.
The future of digital audio 1s 1n spatial positioning, which 1s
accomplished by providing 5.1 separate audio channels: Cen-
ter, Left and Right, and Left and Right Surround. The sixth
channel, referred to as the 0.1 channel refers to a limited
bandwidth low frequency effects (LFE) channel that 1s mostly
non-directional due to 1ts low frequencies. Since there are 5.1
audio channels to transmit, compression 1s necessary to
ensure that both video and audio stay within certain band-
width constraints. These constraints (1imposed by the Federal
Communications Commission (FCC)) are more strict for ter-
restrial transmission than for digital video disk (DVD)s, cur-
rently. There 1s more than enough space ona DVD to provide
the end-user with uncompressed audio (much more desirable
from a listening standpoint). Video data 1s compressed most
commonly through MPEG (moving pictures experts group)
developed techniques, although they also have an audio com-
pression technique very similar to Dolby’s.

The DVD industry has adopted Dolby Digital (DD) as 1ts
compression techmque of choice. Most DVD’s are produced
using DD. The ATSC (Advanced Television Standards Com-
mittee) has also chosen AC-3 as its audio compression
scheme for American digital TV. This has spread to many
other countries around the world. This means that production
studios (movie and television) must encode their audio in DD
for broadcast or recording.

There are many features, 1n addition to the strict encoding,
and decoding scheme, that are frequently discussed 1n con-
junction with Dolby Digital. Some of these features are part
of DD and some are not. Along with the compressed bit-
stream, DD sends information about the bitstream called
metadata, or “data about the data.” It 1s basically zero’s and
ones 1mdicating the existence of options available to the end-
user. Three of these options are dialnorm (dialog normaliza-
tion), dynmg (dynamic range), and bsmod (bit stream mode
that controls the main and associated audio services). The first
two are an integral part of DD already, since many decoders
handle these variables, giving end-users the ability to adjust
them. The third bit of information, bsmod, 1s described 1n
detail in ATSC document A/54 (not a Dolby publication) but

also exists as part of the DD bitstream. The value of bsmod
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alerts the decoder about the nature of the incoming audio
service, including the presence of any associated audio ser-
vice. At this time, no known manufacturers are utilizing this
parameter. Multiple language DVD performances are cur-
rently provided via multiple complete main audio programs
on one of the eight available audio tracks on the DVD.

The dialnorm parameter 1s designed to allow the listener to
normalize all audio programs relative to a constant voice
level. Between channels and between program and commer-
cial, overall audio levels fluctuate wildly. In the future, pro-
ducers will be asked to insert the dialnorm parameter which
indicates the sound pressure level (SPL)s at which the dialog
has been recorded. If this value 1s set as 80 dB for a program
but 90 dB for a commercial, the television will decode that
information examine the level the end-user has entered as
desirable (say 85 dB) and will adjust the movie up 5 dB and
the commercial down 5 dB. This 1s a total volume level
adjustment that 1s based on what the producer enters as the
dialnorm bit value.

A section from the AC-3 description (from document A/52)
provides the best description of this technology. “The dynrng,
values typically indicate gain reduction during the loudest
signal passages, and gain increase during the quiet passages.
For the listener, 1t 1s desirable to bring the loudest sounds
down 1n level towards the dialog level, and the quiet sounds up
in level, again towards dialog level. Sounds which are at the
same loudness as the normal spoken dialogue will typically
not have their gain changed.”

The dynrng variable provides the end-user with an adjust-
able parameter that will control the amount of compression
occurring on the total volume with respect to the dialog level.
This essentially limits the dynamic range of the total audio
program about the mean dialog level. This does not, however,
provide any way to adjust the dialog level independently of
the remaining audio level.

One attempt to improve the listening experience of hearing
impaired listeners 1s provided for 1n The ATSC, Digital Tele-
vision Standard (Annex B). Section 6 of Annex B of the ATSC
standard describes the main audio services and the associated
audio services. An AC-3 clementary stream contains the
encoded representation of a single audio service. Multiple
audio services are provided by multiple elementary streams.
Each elementary stream 1s conveyed by the transport multi-
plex with a unique PID. There are a number of audio service
types which may be individually coded into each elementary
stream. One of the audio service types 1s called the complete
main audio service (CM). The CM type of main audio service
contains a complete audio program (complete with dialogue,
music and effects). The CM service may contain from 1 to 5.1
audio channels. The CM service may be further enhanced by
means of the other services. Another audio service type 1s the
hearing impaired service (HI). The HI associated service
typically contains only dialogue which 1s intended to be
reproduced simultaneously with the CM service. In this case,
the HI service 1s a single audio channel. As stated therein, this
dialogue may be processed for improved intelligibility by
hearing 1mpaired listeners. Simultaneous reproduction of
both the CM and HI services allows the hearing impaired
listener to hear a mix of the CM and HI services 1n order to
emphasize the dialogue while still providing some music and
elfects. Besides providing the HI service as a single dialogue
channel, the HI service may be provided as a complete pro-
gram mixXx containing music, effects, and dialogue with
enhanced intelligibility. In this case, the service may be coded
using any number of channels (up to 5.1). While this service
may improve the listening experience for some hearing
impaired individuals, 1t certainly will not for those who do not
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4

employ the proscribed receiver for fear of being stigmatized
as hearing impaired. Finally, any processing of the dialogue
for hearing impaired individuals prevents the use of this chan-
nel i creating an audio program for non-hearing individuals.
Moreover, the relationship between the HI service and the
CM service set forth in Annex B remains undefined with
respect to the relative signal levels of each used to create a
channel for the hearing impaired.

Other techniques have been employed to attempt to
improve the intelligibility of audio. For example, U.S. Pat.
No. 4,024,344 discloses a method of creating a “center chan-
nel” for dialogue 1n cinema sound. This technique disclosed
therein correlates left and right stereophonic channels and
adjusts the gain on either the combined and/or the separate
left or night channel depending on the degree of correlation
between the left and right channel. The assumption being that
the strong correlation between the left and right channels
indicates the presence of dialogue. The center channel, which
1s the filtered summation of the left and right channels, 1s
amplified or attenuated depending on the degree of correla-
tion between the left and right channels. The problem with
this approach 1s that 1t does not discriminate between mean-
ingful dialogue and simple correlated sound, nor does it
address unwanted voice iformation within the voice band.
Therefore, 1t cannot improve the intelligibility of all audio for
all hearing impaired individuals.

In general, the previously cited inventions of Dolby and
others have all attempted to modily some content of the audio
signal through various signal processing hardware or algo-
rithms, but those methods do not satisiy the individual needs
or preferences of different listeners. In sum, all of these tech-
niques provide a less than optimum listening experience for
hearing impaired individuals as well as non-hearing impaired
individuals.

Finally, mimaturized electronics and high quality digital
audio has brought about a revolution 1n the digital hearing aid
technology. In addition, the latest standards of digital audio
transmission and recordings including DVD (in all formats),
digital television, Internet radio, and digit radio, are incorpo-
rating sophisticated compression methods that allow an end-
user unprecedented control over audio programming. The
combination of these two technologies has presented
improved methods for providing hearing impaired end-users
with the ability to enjoy digital audio programming. This
combination, however, fails to address all of the needs and
concerns of different hearing impaired end-users.

The present invention 1s therefore directed to the problem
of developing a system and method for processing audio
signals that optimizes the listening experience for hearing

impaired listeners, as well as non-hearing impaired listeners,
individually or collectively.

SUMMARY OF THE INVENTION

An 1ntegrated individual listening device and decoder for
receiving an audio signal including a decoder for decoding
the audio signal by separating the audio signal 1mto a voice
signal and a background signal, a first end-user adjustable
amplifier coupled to the voice signal and amplitying the voice
signal, a second end-user adjustable amplifier coupled to the
background signal and amplifying the background signal, a
summing amplifier coupled to outputs of said first and second
end-user adjustable amplifiers and outputting a total audio
signal, said total signal being coupled to an individual listen-
ing device.



US RE42,737 E

d
BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 illustrates a general approach according to the
present mvention for separating relevant voice information
from general background audio in a recorded or broadcast
program.

FIG. 2 1llustrates and exemplary embodiment according to
the present mvention for receiving and playing back the
encoded program signals.

FIG. 3 illustrates and exemplary embodiment of a conven-
tional individual listening device such as a hearing aid.

FI1G. 4 15 a block diagram 1llustrating a voice-to-remaining,
audio (VRA) system for simultaneous multiple end-users.

FIG. 5 15 a block diagram 1llustrating a decoder that sends
wireless transmission to individual listening devices accord-
ing to an embodiment of the present invention.

FI1G. 6 1s an 1llustration of ambient sound arriving at both
the hearing aid’s microphone and the end-user’s ear.

FI1G. 7 1s an 1llustration of an earplug used with the hearing
aid shown 1n FIG. 6.

FIG. 8 1s a block diagram of signal paths reaching a hearing,
impaired end-user through a decoder enabled hearing aid
according to an embodiment of the present invention.

FI1G. 9 1s a block diagram of signal paths reaching a hearing,
impaired end-user incorporating an adaptive noise canceling
algorithm.

FIG. 10 1s a block diagram of signal paths reaching a
hearing impaired end-user through a decoder according to an
alternative embodiment of the present invention.

FIG. 11 illustrates another embodiment of the present
invention.

FIG. 12 1illustrates an alternative embodiment of the
present invention.

DETAILED DESCRIPTION

Embodiments of the present invention are directed to an
integrated individual listening device and decoder. An
example of one such decoder 1s a Dolby Digital (DD)
decoder. As stated above, Dolby Digital 1s an audio compres-
sion standard that has gained popularity for use 1n terrestrial
broadcast and recording media. Although the discussion
herein uses a DD decoder, other types of decoders may be
used without departing from the spirit and scope of the
present invention. Moreover, other digital audio standards
besides Dolby Digital are not precluded. This embodiment
allows a hearing impaired end-user 1n a listening environment
with other listeners, to take advantage of the “Hearing
Impaired Associated Audio Service” provided by DD without
alfecting the listening enjoyment of the other listeners. As
used herein, the term “end-user’” refers to a consumer, listener
or listeners of a broadcast or sound recording or a person or
persons receiving an audio signal on an audio media that 1s
distributed by recording or broadcast. In addition, the term
“individual listening device” refers to hearing aids, headsets,
assistive listening devices, cochlear implants or other devices
that assist the end-user’s listening ability. Further, the term
“preferred audio™ refers to the preferred signal, voice com-
ponent, voice information, or primary voice component of an
audio signal and the term “remaimng audio” refers to the
background, musical or non-voice component of an audio
signal.

Other embodiments of the present immvention relate to a
decoder that sends wireless transmissions directly to a indi-
vidual listening device such as a hearing aid or cochlear
implant. Used in conjunction with the “Hearing Impaired
Associated Audio Service” provided by DD which provides
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separate dialog along with a main program, the decoder pro-
vides the hearing impaired end-user with adjustment capabil-
ity for improve intelligibility with other listeners in the same
listening environment while the other listeners enjoy the
unaffected main program.

Further embodiments of the present invention relate to an
interception box which services the communications market
when broadcast companies transition from analog transmis-
sion to digital transmission. The ntercept box allows the
end-user to take advantage of the hearing impaired mode (HI)
without having a tully functional main/associated audio ser-
vice decoder. The intercept box decodes transmitted digital
information and allows the end-user to adjust hearing
impaired parameters with analog style controls This analog
signal 1s also fed directly to an analog play device such as a
television. According to the present invention, the intercept
box can be used with individual listening devices such as
hearing aids or 1t can allow digital services to be made avail-
able to the analog end-user during the transition period.
Significance of Ratio of Preferred Audio to Remaining Audio

The present invention begins with the realization that the
listening preferential range of a ratio of a preferred audio
signal relative to any remaining audio 1s rather large, and
certainly larger than ever expected. This significant discovery
1s the result of a test of a small sample of the population
regarding their preferences of the ratio of the preferred audio
signal level to a signal level of all remaining audio.

Specific Adjustment of Desired Range for Hearing Impaired
or Normal Listeners

Very directed research has been conducted in the area of
understanding how normal and hearing inlpaired end-users
percerve the ratio between dialog and remaining audio for
different types of audio programnnng It has been found that
the population varies widely in the range of adjustment
desired between voice and remaining audio.

Two experiments have been conducted on arandom sample
of the population including elementary school children,
middle school children, middle-aged citizens and senior citi-
zens. A total of 71 people were tested. The test consisted of
asking the end-user to adjust the level of voice and the level of
remaining audio for a football game (where the remaining
audio was the crowd noise) and a popular song (where the
remaining audio was the music). A metric called the VRA
(voice to remaining audio) ratio was formed by dividing the
linear value of the volume of the dialog or voice by the linear
value of the volume of the remaining audio for each selection.

Several things were made clear as a result of this testing.
First, no two people prefer the 1dentical ratio for voice and
remaining audio for both the sports and music media. This 1s
very important since the population has relied upon producers
to provide a VR A (which cannot be adjusted by the consunler)
that will appeal to everyone. This can clearly not occur, given
the results of these tests. Second, while the VR A 1s typically
higher for those with hearing impairments (to improve intel-
ligibility) those people with normal hearing also prefer dii-
ferent ratios than are currently provided by the producers.

It 1s also important to highlight the fact that any device that
provides adjustment of the VRA must provide at least as
much adjustment capability as 1s inferred from these tests in
order for 1t to satisty a significant segment of the population.
Since the video and home theater medium supplies a variety
of programming, we should consider that the ratio should
extend from at least the lowest measured ratio for any media
(music or sports) to the highest ratio from music or sports.
This would be 0.1 to 20.17, or arange in decibels of 46 dB. It
should also be noted that this 1s merely a sampling of the
population and that the adjustment capability should theoreti-
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cally be infinite since 1t 1s very likely that one person may
prefer no crowd noise when viewing a sports broadcast and
that another person would prefer no announcement. Note that
this type of study and the specific desire for widely varying
VRA ratios has not been reported or discussed 1n the literature
or prior art.

In this test, an older group of men was selected and asked
to do an adjustment (which test was later performed on a
group of students) between a fixed background noise and the
voice of an announcer, in which only the latter could be varied
and the former was set at 6.00. The results with the older
group were as follows:

TABLE 1

Indrvidual Setting

7.50
4.50
4.00
7.50
3.00
7.00
0.50
7.75
5.50
7.00
5.00

— O ND 20 =] Oy B

k. fp—

To further illustrate the fact that people of all ages have
different hearing needs and preferences, a group of 21 college
students was selected to listen to a mixture of voice and
background and to select, by making one adjustment to the
voice level, the ratio of the voice to the background. The
background noise, in this case crowd noise at a football game,
was fixed at a setting of six (6.00) and the students were
allowed to adjust the volume of the announcers’ play by play
voice which had been recorded separately and was pure voice
or mostly pure voice. In other words, the students were
selected to do the same test the group of older men did.
Students were selected so as to minimize hearing infirmities

caused by age. The students were all 1in their late teens or early
twenties. The results were as follows:

TABLE II

Student Setting of Voice

4.75
3.75
4.25
4.50
5.20
5.75
4.25
6.70
3.25
6.00
5.00
5.25
3.00
4.25
3.25
3.00
6.00
2.00
4.00
5.50
6.00

— O AND B0 =] Sy B = DD e -] Oy B ) b

L L L L L b L b L L L
r r r r r r r r r r

The ages of the older group (as seen 1n Table I) ranged from
36 to 59 with the preponderance of the individuals being 1n
the 40 or 50 year old group. As 1s indicated by the test results,
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the average setting tended to be reasonably high indicating
some loss of hearing across the hoard. The range again varied
from 3.00 to 7.75, a spread of 4.75 which confirmed the
findings of the range of variance 1n people’s preferred listen-
ing ratio of voice to background or any preferred signal to
remaining audio (PSRA). The overall span for the volume
setting for both groups of subjects ranged from 2.0 to 7.73.
These levels represent the actual values on the volume adjust-
ment mechanism used to perform this experiment. They pro-
vide an indication of the range of signal to noise values (when
compared to the “noise” level 6.0) that may be desirable from
different end-users.

To gain a better understanding of how this relates to relative
loudness variations chosen by different end-users, consider
that the non-linear volumen control vanation from 2.0to 7.75
represents an increase of 20 dB or ten (10) times. Thus, for
even this small sampling of the population and single type of
audio programming it was found that different listeners do
prefer quite drastically different levels of “preferred signal™
with respect to “remaining audio.” This preference cuts
across age groups showing that 1t 1s consistent with individual
preference and basic hearing abilities, which was heretofore
totally unexpected.

As the test results show, the range that students (as seen 1n
Table II) without hearing infirmities caused by age selected
varied considerably from a low setting of 2.00 to a high of
6.70, a spread of 4.70 or almost one half of the total range of
from 1 to 10. The test 1s 1llustrative of how the “one size fits
all” mentality of most recorded and broadcast audio signals
falls far short of giving the individual listener the ability to
adjust the mix to suit his or her own preferences and hearing
needs. Again, the students had a wide spread 1n their settings
as did the older group demonstrating the individual differ-
ences 1n preferences and hearing needs. One result of this test
1s that hearing preferences 1s widely disparate.

Further testing has confirmed this result over a larger
sample group. Moreover, the results vary depending upon the
type of audio. For example, when the audio source was music,
the ratio of voice to remaining audio varied from approxi-
mately zero to about 10, whereas when the audio source was
sports programming, the same ratio varied between approxi-
mately zero and about 20. In addition, the standard deviation
increased by a factor of almost three, while the mean
increased by more than twice that of music.

The end result of the above testing 1s that 11 one selects a
preferred audio to remaining audio ratio and fixes that forever,
one has most likely created an audio program that is less than
desirable for a significant fraction of the population. And, as
stated above, the optimum ratio may be both a short-term and
long-term time varying function. Consequently, complete
control over this preferred audio to remaining audio ratio 1s
desirable to satisiy the listening needs of “normal” or non-
hearing impaired listeners. Moreover, providing the end-user
with the ultimate control over this ratio allows the end-user to
optimize his or her listening experience.

The end-user’s independent adjustment of the preferred
audio signal and the remaining audio signal will be the appar-
ent manifestation of one aspect of the present mnvention. To
illustrate the details of the present ivention, consider the
application where the preferred audio signal 1s the relevant
voice information.

Creation of the Preferred Audio Signal and the Remaining
Audio Signal

FIG. 1 1llustrates a general approach to separating relevant
voice information from general background audio 1 a
recorded or broadcast program. There will first need to be a
determination made by the programming director as to the
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definition of relevant voice. An actor, group of actors, or
commentators must be 1dentified as the relevant speakers.

Once the relevant speakers are 1dentified, their voices will
be picked up by the voice microphone 301. The voice micro-
phone 1 will need to be either a close talking microphone (in
the case of commentators) or a highly directional shot gun
microphone used in sound recording. In addition to being
highly directional, these microphones 301 will need to be
voice-band limited, preferably from 200-35000 Hz. The com-
bination of directionality and band pass filtering mimimize the
background noise acoustically coupled to the relevant voice
information upon recording. In the case of certain types of
programming, the need to prevent acoustic coupling can be
avoided by recording relevant voice of dialogue off-line and
dubbing the dialogue where appropriate with the video por-
tion of the program. The background microphones 302
should be fairly broadband to provide the full audio quality of
background imnformation, such as music.

A camera 303 will be used to provide the video portion of
the program. The audio signals (voice and relevant voice) will
be encoded with the video signal at the encoder 304. In
general, the audio signal 1s usually separated from the video
signal by simply modulating it with a different carrier fre-
quency. Since most broadcasts are now 1n stereo, one way to
encode the relevant voice information with the background 1s
to multiplex the relevant voice information on the separate
stereo channels 1n much the same way leit front and right
front channels are added to two channel stereo to produce a
quadraphonic disc recording. Although this would create the
need for additional broadcast bandwidth, for recorded media
this would not present a problem, as long as the audio cir-
cuitry 1n the video disc or tape player 1s designed to demodu-
late the relevant voice information.

Once the signals are encoded, by whatever means deemed
approprate, the encoded signals are sent out for broadcast by
broadcast system 305 over antenna 313, or recorded on to tape
or disc by recording system 306. In case of recorded audio
video information, the background and voice information
could be simply placed on separate recording tracks.
Receiving and Demodulating the Preferred Audio Signal and
the Remaining Audio

FIG. 2 illustrates an exemplary embodiment for receiving,
and playing back the encoded program signals. A recerver
system 307 demodulates the main carrier frequency from the
encoded audio/video signals, in the case of broadcast infor-
mation. In the case of recorded media 314, the heads from a
VCR or the laser reader from a CD player 308 would produce
the encoded audio/video signals.

In either case, these signals would be sent to a decoding,
system 309. The decoder 309 would separate the signals into
video, voice audio, and background audio using standard
decoding techniques such as envelope detection 1n combina-
tion with frequency or time division demodulation. The back-
ground audio signal 1s sent to a separate variable gain ampli-
fier 310, that the listener can adjust to his or her preference.
The voice signal 1s sent to a variable gain amplifier 311, that
can be adjusted by the listener to his or her particular needs, as
discussed above.

The two adjusted signals are summed by a unity gain
summing amplifier 132 to produce the final audio output.
Alternatively, the two adjusted signals are summed by unity
gain summing amplifier 312 and further adjusted by variable
gain amplifier 315 to produce the final audio output. In this
manner the listener can adjust relevant voice to background
levels to optimize the audio program to his or her unique
listening requirements at the time of playing the audio pro-
gram. As each time the same listener plays the same audio, the
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ratio setting may need to change due to changes 1n the listen-
er’s hearing, the setting remains infinitely adjustable to
accommodate this flexibility.
Configuration of a Typical Individual Listening Device
FIG. 3 1llustrates an exemplary embodiment of a conven-
tion individual listening device such as a hearing aid 10.
Hearing aid 10 includes a microphone 11, a preamplifier 12,
a variable amplifier 13, a power amplifier 14 and an actuator
15. Microphone 11 1s typically positioned 1n hearing aid 10
such that 1t faces outward to detect ambient environmental
sounds 1n close proximity to the end-user’s ear. Microphone
11 recerves the ambient environmental sounds as an acoustic
pressure and coverts the acoustic pressure 1nto an electrical
signal. Microphone 11 1s coupled to preamplifier 12 which
receives the electrical signal. The electrical signal 1s pro-
cessed by preamplifier 12 and produces a higher amplitude
clectrical signal. This higher amplitude electrical signal 1s
forwarded to an end-user controlled variable amplifier. End-

user controlled variable amplifier 1s connected to a dial on the
outside of the hearing aid. Thus, the end-user has the ability to
control the volume of the microphone signal (which 1s the
total of all ambient sound). The output of the end-user con-
trolled variable amplifier 13 1s sent to power amplifier 14
where the electrical signal 1s provided with power 1n order to
driver actuator/speaker 15. Actuator/speaker 15 1s positioned
inside the ear canal of the end-user. Actuator/speaker 15 con-
verts the electrical signal output from power amplifier 14 into
an acoustic signal that 1s an amplified version of the micro-
phone signal representing the ambient noise. Acoustic feed-
back from the actuator to the microphone 11 1s avoided by
placing the actuator/speaker 15 inside the ear canal and the
microphone 11 outside the ear canal.

Although the components of a hearing aid have been 1llus-
trated above, other individual listening devices as discussed
above, can be used with the present invention.

Individual Listening Device and Decoder

In a room listenming environment, there may be a combina-
tion of listeners with varying degrees of hearing impairments
as well as listeners with normal listening. A hearing aid or
other listening device as described above, can be equipped
with a decoder that recetves a digital signal from a program-
ming source and separately decodes the signal, providing the
end-user access to the voice, for example, the hearing
impaired associated service, without affecting the listening
environment of other listeners.

As stated above, preferred ratio ol voice to remaiming audio
differs significantly for different people, especially hearing
impaired people, and differs for different types of program-
ming (sports versus music, etc.). FIG. 4 1s a block diagram
illustrating a VRA system for simultaneous multiple end-
users according to an embodiment of the present invention.
The system includes a bitstream source 220, a system decoder
221, arepeater 222 and a plurality of personal VR A decoders
223 that are integrated with or connected to individual listen-
ing devices 224. Typically, a digital source (DVD, digital
television broadcast, etc.) provides a digital information sig-
nal containing compressed digital and video information. For
example, Dolby Digital provides a digital information signal
having an audio program such as the music and effect (ME)
signal and a hearing impaired (HI) signal which 1s part of the
Dolby Digital associated services. According to one embodi-
ment ol the present invention, digital information signal
includes a separate voice component signal (e.g., HI signal)
and remaiming audio component signal (e.g., ME or CE sig-
nal) simultaneously transmitted as a single bitstream to sys-
tem decoder 221.
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According to one embodiment of the present invention, the
bitstream from bitstream source 220 1s also supplied to
repeater 222. Repeater 222 retransmits the bitstream to a
plurality of personal VRA decoders 223. Each personal VR A
decoder 223 includes a demodulator 266 and a decoder 267
for decoding the bitstream and variable amplifiers 225 and
226 for adjusting the voice component signal and the remain-
ing audio signal component, respectively. The adjusted signal
components are downmixed by summer 227 and may be
turther adjusted by variable amplifier 281. The adjusted sig-
nal 1s then sent to individual listening devices 224. According,
to one embodiment of the present mmvention, the personal
VRA decoder 1s interfaced with the individual listening
device and forms one unit which 1s denoted as 250. Alterna-
tively, personal VRA decoder 223 and individual listening
device 224 may be separate devices and communicate 1n a
wired or wireless manner. Individual listening device 224
may be a hearing aid having the components shown in FIG. 3.
As such, the output of personal VRA decoder 223 1s feed to
end-user controlled amplifier 13 for further adjustment by the
end-user. Although three personal VRA decoders and associ-
ated individual listening devices are shown, more personal
VRA decoders and associated individual listening devices
can be used without departing from the spirit and scope of the
present invention.

For 5.1 channel programming, voice 1s primarily placed on
the center channel while the remaining audio resides on lett,
right, left surround, and right surround. For end-users with
individual listening devices, spatial positioning of the sound
1s of little concern since most have severe difficulty with
speech intelligibility. By allowing the end-user to adjust the
level of the center channel with respect to the other 4.1 chan-
nels, an improvement in speech intelligibility can be pro-
vided. These 5.1 channels are then downmixed to 2 channels,
with the volume adjustment of the center channel allowing
the improvement 1n speech intelligibility without relying on
the hearing impaired mode mentioned above. This aspect of
the present invention has an advantage over the fully func-
tional AC3-type, in that an end-user can obtain limited VRA
adjustment without the need of a separate dialog channel such
as the hearing 1mpaired mode.

FIG. 5 illustrates a decoder that sends wireless transmis-
s1on directly to an individual listening device according to an
embodiment of the present ivention. As described above,
digital bitstream source 220 provides the digital bitstream, as
betfore, to the system decoder 221. If there 1s no metadata
usetul to the hearing impaired listener (1.¢., absence of the HI
mode) there 1s no need to transmit the entire digital bitstream,
simply the audio signals. Note that this 1s a small deviation
from the concept of having a digital decoder 1n the hearing aid
itself, but 1s also meant to provide the same service to the
hearing impaired individual. At system reproduction 230, the
5.1 audio channels are separated into center (containing
mostly dialog—depending on production practices) and the
rest containing mostly music and effects that might reduce
intelligibility. The 5.1 audio signals are also feed to trans-
ceiver 260. Transcerver 260 recerves and retransmits the sig-
nals to a plurality of VR A recerving devices 270. VR A receiv-
ing devices 270 include circuitry such as demodulators for
removing the carrier signal of the transmitted signal. The
carrier signal 1s a signal used to transport or “carry” the
information of the output signal. The demodulated signal
creates left, right, left surround, right surround, and sub (re-
maining audio) and center (preferred) channel signals. The
preferred channel signal 1s adjusted using variable amplifier
225 while the remaiming audio signal (the combination of the
left, right, left surround, right surround and subwootfer) is
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adjusted using vaniable amplifier 226. The output from each
of these variable amplifies 1s feed to summer 227 and the
output from summer 227 may be adjusted using variable
amplifier 281. This added and adjusted electrical signal 1s
supplied to end-user controlled amplifier 13 and later sent to
power amplifier 14. The amplified electrical signal 1s then
converted into an amplified acoustical signal presented to the
end-user. According to the embodiment described above,
multiple end-users can simultaneously recerved the output
signal for VRA adjustments.

FIGS. 6-7 describe several related features used 1n asso-
ciation with the present invention. FIG. 6 1llustrates ambient
sound (which contains the same digital audio programming)
arriving at both the hearing aid’s microphone 11 and the
end-user’ s ear. The ambient sound received by the micro-
phone will not be synchronized pertectly with the sound
arriving via the personal VRA decoder 223 attached to the
hearing aid. The reason for this 1s that the two transmission
paths will have features that are significantly different. The
personal VRA decoder provides a signal that has traveled a
purely electronic path, at the speed of light, with no added
acoustical features. The ambient sound, however, travels a
path to the end-user from the sound source at the speed of
sound and also contain reverberation artifacts defined by the
acoustics of the environment where the end-user 1s located. If
the end-user has at least some unassisted hearing capability,
turning the ambient microphone of the hearing aid off, will
not completely remedy the problem. The portion of the ambi-
ent sound that the end-user can hear will interfere with the
programming delivered by the personal audio decoder.

One solution contemplated by the present invention 1s to
provide the end-user with the ability to block the ambient
sound while delivering the signal from the VRA personal
decoder. This 1s accomplished by using an earplug as shown
in FIG. 7.

While this method will work up to the limits of the earplug,
ambient noise rejection capability, it has a notable drawback.
For someone to enjoy a program with another person, it will
likely be necessary to easily communicate while the program
1s ongoing. The earplug will not only block the primary audio
source (which interferes with the decoded audio entering the
hearing aid), but also blocks any other ambient noise indis-
criminately. In order to selectively block the ambient noise
generated from the primary audio reproduction system with-
out affecting the other (desirable) ambient sounds, more
sophisticated methods are required. Note that similar com-
ments can be made concerning the acceptability of using
headset decoders. The headset earcups provide some level of
attenuation of ambient noise but interfere with communica-
tion. IT this 1s not important to a hearing impaired end-user,
this approach may be acceptable.

What 1s needed 1s a way to avoid the latency problems
associated with airborne transmission of digital audio pro-
gramming while allowing the hearing impaired listener to
interact with other viewers 1n the same room. FIG. 8 shows a
block diagram of the signal paths reaching the hearing
impaired end-user through the digital decoder enabled hear-
ing aid. The pure (decoded) digital audio “S” goes directly to
the hearing aid “HA” and can be modified by an end-user
adjustable amplifier “w,”. This digital audio signal also trav-
¢ls through the primary delivery system and room acoustics
(G, ) belore arrniving at the hearing aid transducer. In addition
to this signal, “d” exists and represents the desired ambient
sounds such as friends talking. This total signal reaching the
microphone 1s also end-user adjustable by the gain (possibly
frequency dependent) “w,”. Clearly the first problem arises
by realizing that the signal s modified by G, interferes with the




US RE42,737 E

13

pure digital audio signal coming from the hearing aid
decoder; and the desired room audio 1s delivered through the
same signal path. A second problem exists when the physical
path through the hearing aid 1s included, and 1t 1s assumed that
the end-user has some ability to hear audio through that path
(represented by “G”). What actually arrives at the ear 1s a
combination of the room audio amplified by w, the decoder
signal amplified by w,, and the room audio suppressed by
“G”. What 1s desired from the entire system 1s a simple
end-user adjustable mix between the hearing impaired modi-
fied decoder output and the desired signal existing in the
room. Since there 1s a separate measurement of the decoder
signal being transmitted to the end-user, this end result 1s
possible by using adaptive feedforward control.

FIG. 9 illustrates a reconstructed block diagram incorpo-
rating an adaptive filter (labeled “AF”). There 1s one 1mpor-
tant assumption that underlies the method for adaptive filter-
ing presented in this embodiment: the transmission path
through “G” 1n FIG. 8 15 essentially negligible. In physical
terms this means that the passive noise control performance
of the hearing aid itself 1s sufficient enough to reject the
ambient noise arriving at the end-user’s ear. (Note also that G
includes the amount of hearing impairment that the individual
has; 11 1t sufficiently high, this sound path will also be negli-
gible). I this 1s not the case, measures should be taken to add
additional passive control to the hearing aid itself so the
physical path (not the electronic path) from the environment
to the end-user’s eardrum has a very high insertion loss. The
dotted line 1n FIG. 9 represents the hearing aid itself. There
are audio mputs: the hearing aid microphone picking up all
ambient noise (including the audio programming from the
primary playback device speakers that has not been altered by
the hearing impaired modes discussed earlier) and the digital
audio signal that has been decoded and adjusted for optimal
listening for a hearing impaired individual. As mentioned
carlier, the difficulty with the hearing aid microphone 1s that
it picks up both the desired ambient sounds (conversation)
and the latent audio program. This audio program signal will
interfere with the hearing impaired audio program (decoded
separately). Simply reducing the volume level of the hearing
aid microphone will remove the desired audio. The solution
as shown 1n FIG. 9 1s to place an adaptive noise canceling
algorithm on the microphone signal, using the decoder signal
as the reference. Since adaptive filters will only attempt to
cancel signals for which they have a coherent reference sig-
nal, the ambient conversation will remain unaftected. There-
fore the output of the adaptive filter can be amplified sepa-
rately via w,, as the desired ambient signal and the decoded
audio can be amplified separately via w,. The inherent diffi-
culty with this method 1s the bandwidth of the audio program
that requires canceling may exceed the capabilities of the
adaptive filter.

One other possibility 1s available that combines adaptive
teedforward control with fixed gain feedforward control. This
option, 1llustrated 1n FIG. 10, 1s more general 1n that it does
not require that the acoustic path through the hearing aid 1s
negligible. This path 1s removed from the signal hitting the ear
by taking advantage of the fact that 1t 1s possible to determine
the frequency response (transmaission loss) of the hearing aid
itself, and to use that estimate to eliminate the contribution to
the overall pressure hitting the ear. FIG. 10 1llustrates a com-
bination of the entire hearing aid plant and the control mecha-
nism. The plant components are described first. The decoder
signal “S” 1s sent to the hearing aid decoder (as discussed
carlier) for processing of the hearing impaired or center chan-
nel for improved mtelligibility (processing not shown). The
same signal 1s also delivered to the primary listening environ-
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ment and through those acoustics, all represented by G,. Also
in the listening environment are audio signals that are desired
such as conversation, represented by the signal “d”. The com-
bination of these two signals (G, s+d) 1s recetved by the hear-
ing aid microphone at the surface of the listener’s ear. This
same acoustic signal travels through the physical components
of the hearing aid itself, represented by G,. If the hearing aid
has effective passive control, this transier function can be
quite small, as assumed earlier. If not, the acoustic or vibra-
tory transmission path can become significant. This signal
enters the ear canal behind the hearing aid and finally travels
through any hearing impairment that the end-user may have
(represented by G3) to the auditory nerve. Also traveling
through the hearing aid 1s the electronic version of the ambi-
ent noise (amplified by w,) combined with the (already
adjusted) hearing impaired decoder signal (amplified by w,).
The end-user adjusted combination of these two signals rep-
resents the mixture between ambient noise and the pure
decoder signal that has already been modified by the same

end-user to provide improved intelligibility. To understand
the effects of the two control mechanisms, consider that the
adaptive filter (AF) and the plant estimate G, (with a hat on
top) are both zero (1.e. no control 1s in place). The resulting
output arriving at the end-users ear becomes

G1G5d+G3G5GS+G 3 Hw,S+G,Hw,d+G,Hw, G, S

Ideally, the hearing aid (H) will invert the hearing impair-
ment, G,. Theretore the last three terms where both G, and H
appear, will have, those coetlicients to be approximately one.
The resulting equation 1s then

WoS+wW 1 d+G3GHd+G3 GG S+w (G S

This does not provide the sound quality needed. While the
desired and decoder signals do have level adjustment capa-
bility, the last three terms will deliver significant levels of
distortion and latency both through the electrical and physical
signal paths. The desired result 1s a combination of the pure
decoder signal and the desired ambient audio signal where the
end-user can control the relative mix between the two with no
other signals in the output. The variables “S” and “d+G S are
available for direct measurement and the values of H, w,, and
w, are controllable by the end-user. This combination of
variable permits the adjustment capability desired. If the
adaptive filter and the plant estimate (G, hat) are now
included in the equation for the output to the end end-user’s
nerve, 1t becomes:

W d+wWo G S+W e+ G365 (d+G S)-G3(Gshat) (d+G S)

Now, 1f the adaptive filter converges to the optimal solu-
tion, 1t will be 1dentical to G, so that the third and fourth terms
in the above equation cancel. And 1f the estimate of G,
approaches G, due to a good system i1dentification, the last
two terms 1n the previous equation will also cancel. This
leaves only the decoder signal “S” end-user modified by w,
and the desired ambient sound “d” end-user modified by w,,
the desired result. The limits of the performance of this
method depend on the performance of the adaptive filter and
on the accuracy of the system 1dentification from the outside
of the hearing aid to the 1nside of the hearing aid while the
end-user has it comiortably 1n position. The system 1dentifi-
cation procedure 1tself can be carried out in a number of ways,
including a least mean squares fit.

Interception Box

FIG. 11 illustrates another embodiment according to the
present invention. FI1G. 11 shows the features ofa VR A settop
terminal used for simultaneously transmitting a VR A adjust-
able signal to multiple end-users.
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VRA set top terminal 60 includes a decoder 61 for decod-
ing a digital bitstream supplied by a digital source such as a
digital TV, DVD, etc. Decoder 61 decodes the digital bat-
stream and outputs digital signals which have a preferred
audio component (PA) and a remaining audio portion (RA).
The digital signals are feed into a digital-to-analog (D/A)
converters 62 and 69 which converts the digital signals into
analog signals. The analog signals from D/A converter 62 are
feed to transmitter 63 to be transmitted to receivers such as
receivers 270 shown in FI1G. 5. Thus, multiple end-users with
individual listening devices can adjust the voice-to-remaining
audio for each of their individual devices. The output from
D/ A converter 69 1s sent to a playback device such as analog
television 290.

FIG. 12 illustrates an alternative embodiment of the
present invention. Like 1n FIG. 11, a bitstream 1s received by
decoder 61 of VRA set-top-terminal 60. Decoder outputs
digital signals which are sent to D/ A converter 62. The output
of D/A converter 62 are analog signals sent to transmitter 63
for transmission of these signals to receivers 270. D/A con-
verter 62 also feeds 1ts output analog signals to variable
amplifiers 225 and 226 for end-user adjustments before being
downmixed by summer 227. This output signal 1s feed to
analog television 290 1n a similar manner as discussed above
with respect to FIG. 11 but already having been VRA
adjusted. According to this embodiment of the present inven-
tion, not only will hearing impaired end-users employing
receivers 270 enjoy VR A adjustment capability, but end-users
listening to analog television will have the same capability.

While many changes and modifications can be made to the
invention within the scope of the appended claims, such
changes and modifications are within the scope of the claims
and covered thereby.

What 1s claimed 1s:

1. A set-top-terminal for providing voice-to-remaining

audio capability comprising;:

a decoder for decoding a bitstream and producing as its
output, a digital preferred audio signal and [a] said digi-
tal remaining audio signal;

a digital to analog (D/A) converter coupled to said decoder,
said D/A converter converting said digital preferred
audio signal and a digital remaining audio signal into an
analog preferred audio signal and an analog remaining
audio signal;
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a transmitter coupled to said D/A converter and transmit-
ting said analog preferred audio signal and said analog
remaining audio signal;

a first end-user adjustable amplifier coupled to said analog
preferred voice signal and amplifying said analog pre-
ferred voice signal;

a second end-user adjustable amplifier coupled to said
analog remaining audio signal and amplifying said ana-
log remaining audio signal; and

a summer coupled to outputs of said first and second end-
user adjustable amplifiers and outputting a total audio
signal.

2. The set-top-terminal of claim 1, wherein an output of the
summer outputting said total audio signal 1s coupled to an
analog recerving device.

3. A method for processing a digital bitstream from a set-
top terminal, comprising:

decoding a bitstream to produce a digital preferred audio
signal and a digital vemaining audio signal;

converting said digital preferved audio signal and said
digital remaining audio signal into an analog preferred
audio signal and an analog remaining audio signal;

transmitting said analog preferved audio signal to a first
end-user adjustable amplifier coupled to receive said
analog preferved audio signal and said analog remain-
ing audio signal to a second end-usev adjustable ampli-
fier coupled to receive said analog remaining audio
signal;

amplifving said analog preferred voice signal with said
first end-user adjustable amplifier,

amplifying said analog remaining audio signal with said
second end-user adjustable amplifier; and

summing output from said first and second end-user adjust-
able amplifiers and outputting a total audio signal to an
individual listening device.

4. The method of claim 3, wherein outputting said total
audio signal includes outputting said total audio signal to an
analog receiving device.

5. The method of claim 3, further comprising:

emploving a microphone incorporated into a listening
device to detect an ambient environmental sound; and

Jurther processing the digital bitstream based on detected
ambient environmental sound.
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Page 2, item (56), under “Other Publications”, in Column 2, Line 13, delete “Share Incorporated” and
insert -- Shure Incorporated --.

Column 15, lines 39-40, in Claim 1, delete “and [a] said digital” and insert -- and a digital --.
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