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(54) Speech distribution system

(57) A method of distributing speech which includes
the steps of, at a given location, receiving an audio sig-
nal, extracting from the audio signal a signal represent-

ing speech originating from or near the location, and dis-
tributing an electric signal which is mixed with the ex-
tracted speech signal via an audio system to be played
over at least one loudspeaker.
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Description

BACKGROUND OF THE INVENTION

[0001] This invention relates to a speech distribution
system.
[0002] In certain situations it may be difficult to hear
speech audibly or clearly due to noise, other sounds or
attenuation of the speech sound waves. For example in
a motor vehicle, road and background noise may effec-
tively render the spoken word inaudible. This type of
problem is compounded when the driver of a vehicle is
attempting to communicate with people who are rela-
tively far from the driver, for example in rear seats. Quite
often, especially in a minibus or similar vehicle which
has three or four rows of seats, it may be necessary for
the driver to turn his head in order to project his voice
towards the rear of the vehicle. This can have danger-
ous consequences for the driver's attention is drawn
from the road. On the other hand, projecting the sound
forward causes undue attenuation thereof, especially in
cars with good noise dampening.
[0003] Ironically, the better the sound dampening is in
a vehicle (to reduce engine and road noise), the greater
is the dampening effect on speech which is projected
forward from occupants in the front seats and which is
directed to passenger in the rear.
[0004] Equally, in the reverse sense, speech originat-
ing from the rear of a vehicle may be drowned out by
background noise which may include sound emanating
from an audio system, such as a radio/tape/CD unit, of
the vehicle. Ideally, a situation should be created in
which conversation can flow in a natural manner. This
will enable the driver to engage pleasantly in conversa-
tion with fellow passengers while keeping a proper look
out.

SUMMARY OF THE INVENTION

[0005] The invention provides a method of distributing
speech which includes the steps of:

(a) at a given location, receiving an audio signal,
(b) extracting from the audio signal a signal repre-
senting speech originating from or near the location,
and
(c) distributing an electric signal which is mixed with
the extracted speech signal via an audio system to
be played over at least one loudspeaker.

[0006] Step (b) is preferably carried out using adap-
tive filters, echo cancellation and other digital signal
processing techniques.
[0007] The said signal may be distributed through at
least one loudspeaker.
[0008] The said signal may be distributed to a plurality
of loudspeakers at locations which may exclude the said
given location.

[0009] The method of the invention may be imple-
mented inside a vehicle and the locations may respec-
tively correspond to seating positions inside the vehicle.
[0010] The loudspeaker referred to may be one of a
plurality of loudspeakers which form part of an audio
system inside a vehicle.
[0011] The method may include the step of varying
the signal strength of the said signal which is distributed.
Thus signals which have different strengths, depending
on prevailing conditions and requirements, may be dis-
tributed to respective locations. The signal strength may
be varied per location such that, for example, in a vehicle
with three rows of seats the driver can converse with a
passenger who is seated in the rearmost row, directly
behind the driver. The signal level to other passengers
may be turned down. The signal strength of the distrib-
uted signal may be greater in a situation with severe
background noise and, for example at high vehicle
speed, the strength of the speech signal can also be
high.
[0012] If use is made of the loudspeakers of an audio
system then the speech signal which is distributed may
vary in strength in accordance with the strength or am-
plitude of an audio signal, music or otherwise, which is
being transmitted on the audio system.
[0013] If different audio signals are received at re-
spective locations then signals which correspond to
each extracted speech signal may be distributed to the
various locations but preferably excluding, in each case,
the respective location from which an extracted signal
originated to prevent an echo effect or positive feed-
back.
[0014] If no additional wiring can be accommodated
in the speech distribution system the locally received
signals at the various locations may be filtered and may
be shifted in frequency so that they can be transmitted
to a central unit on the same conductive lines which are
used for the transmission of audio signals from a central
audio or control unit to the loudspeakers. This allows the
distributed signal or signals to be mixed with signals
originating from the audio system, for example radio or
music signals, without any interference.
[0015] Time delays may be imparted to distributed
signals to eliminate echo effects since the signals trav-
elling via wire to the various locations travel much faster
than soundwaves (speech) from the person speaking to
the same locations.
[0016] The invention also provides apparatus for dis-
tributing speech which includes a receiving device for
receiving an acoustic signal (noise, music, speech, etc.)
from one of a plurality of locations, a module for extract-
ing from the acoustic signal a signal which represents
speech originating at or close to that location, and a unit
for distributing an amplified signal, which includes the
extracted speech signal, to at least some of the said plu-
rality of locations.
[0017] The speech signal may be distributed to each
of the said plurality of locations although, preferably, the
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location from which the said acoustic signal was re-
ceived, is included.
[0018] The said extracted signal preferably repre-
sents the speech (in question) as best possible.

BRIEF DESCRIPTION OF THE DRAWINGS

[0019] The invention is further described by way of ex-
amples with reference to the accompanying drawings in
which:

Figure 1 is a block diagram representation of appa-
ratus for distributing speech in accordance with the
invention,
Figure 1a illustrates a variation to the apparatus of
Figure 1 in which use is made of an additional hard
wire connection to the microphone,
Figures 2 and 2a are similar to Figures 1 and 1a
respectively, illustrating a more complex system of
distributing speech in accordance with the inven-
tion, using multiple microphones,
Figure 3 illustrates a distribution module for use in
the method of the invention,
Figure 4 illustrates a main unit for use in the method
of the invention,
Figure 5 illustrates possible frequency utilisation by
an audio system in a vehicle,
Figures 6, 7 and 8 respectively represent different
embodiments of the invention,
Figure 9 shows a system which is equivalent to that
in Figure 1a, but with a main unit depicted in greater
detail, and
Figure 10 is a schematic representation of a con-
sole which includes a loadspeaker, microphones
and control buttons.

DESCRIPTION OF PREFERRED EMBODIMENTS

[0020] The invention is based on the use of tech-
niques of adaptive filters and echo cancellation to ex-
tract local speech from a signal carrying music, noise
and speech and to distribute a resulting speech signal
to one or more locations inside a vehicle. The invention
can be effectively implemented making use of an audio
system such as a radio/tape/CD system, inside a vehi-
cle, which is connected to a plurality of loudspeakers
and some microphones strategically placed inside the
vehicle.
[0021] The principles of the invention can be de-
scribed by the following generalised example.
[0022] Assume a four seater vehicle has a stereo ra-
dio/CD audio system with four speakers (left front, right
front, left back, right back) and that a system according
to the invention is integrated with the audio system. Four
microphones are present, one at each seat.
[0023] A main unit has "a priori" information about the
audio signal (ASe) originating from the radio/CD sys-
tem. Without any other audio signal (from occupants,

road noise, etc.) the signal detected by a microphone is
a function (F) of ASe. This function is the complex result
of the speaker transfer function, the attenuation over the
air and through objects (seats etc.), sound reflections
from objects, (windows etc.), the microphone transfer
function, multiple paths along which the soundwaves
travel, and the like.
[0024] Since ASe (reference signal from audio unit) is
known and the result as measured by the microphone
in the absence of other sounds is known, it is possible
to model this transfer function using echo cancelling
techniques and some fault minimisation algorithm, like
a least means square (LMS) algorithm. Since other sig-
nals are also present in the microphone signal the cal-
culations are a little more complex but techniques of this
type are described in the art. Because other signals like
the driver speech signal are not normally correlated with
the signals from the audio unit, they will not statistically
influence the filter adaptation over a period of time. The
modelling results in a signal ASe1. Subtracting ASe1

from the microphone signal leaves the signals repre-
senting the speech and other noise.
[0025] Figure 1 illustrates a first form of the invention.
A vehicle, not shown, includes an audio unit 10 such as
a radio/tape/CD system which, normally, is directly con-
nected, in a known manner, to four loudspeakers 12.1,
12.2, 12.3 and 12.4 respectively. A main unit 14 and four
distribution modules 16.1, 16.2, 16.3 and 16.4 respec-
tively are connected between the audio unit and the re-
spective loudspeakers. The distribution module 16.1 is
connected to a microphone 18.1.
[0026] Figure 1a illustrates a modified version of the
form of the invention shown in Figure 1, wherein the sig-
nal from the microphone 18.1 is carried by wire to the
main unit 14. This embodiment has a single microphone
that may be targeted at the driver or all occupants in the
front seat.
[0027] Each loudspeaker may include more than one
speaker, such as low frequency, midrange and tweeter
devices.
[0028] It is to be borne in mind that the invention does
not emulate the operation of a public address system in
which an audio signal present at an input is amplifed
indiscriminately. This invention aims to achieve a mix of
the voice signal with the prevailing music or other audio
entertainment without changing the ambience by an
overbearing signal amplification.
[0029] The signal processing also removes the re-
quirement for the microphone to be very close to, or spe-
cifically targeted at, the respective speaker.
[0030] The construction of the main unit and the con-
struction of each distribution module are described
hereinafter.
[0031] Note that in the following description the addi-
tion of the symbol "e" as a suffix to a sound signal de-
notes the electrical representation of such sound signal.
[0032] The audio unit 10 produces an audio signal AS
(electrical counterpart ASe) which is transmitted
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through the main unit 14 and the distribution modules
16 to the respective loudspeakers 12.1 to 12.4. This as-
pect is normally substantially conventional and is not fur-
ther described herein. In fact, this aspect is similar to a
situation without the main unit and the distribution mod-
ules.
[0033] Assume that the loudspeaker 12.1 and the mi-
crophone 18.1 are associated with the position of the
seat of the driver of the vehicle (in Figure 1 and in Figure
1a). Assume that the driver speaks and thereby gener-
ates a speech signal which is designated S1a. The
speech signal is detected by the microphone 18.1 which
also detects AS1m, the result of the sounds originating
from the various speakers in the vehicle plus other
noise. The combined speech and acoustic signals are
input to the distribution module 16.1 (Figure 1) which
compares the incoming signal AS1e, from the main unit,
to the signals produced by the microphone 18.1, i.e. the
combination, or sum, of AS1me + S1ae (the electrical
representations of AS1m and S1a respectively). S1ae
is identified as being additional and is extracted from the
combined signal from the microphone. The extraction is
done by modelling the transfer function of ASe through
the speaker and the microphone using adaptive filtering
techniques and then subtracting the estimated AS1e1

from AS1me + S1ae to yield S1ae1. The last mentioned
signal, S1ae1, which represents the estimated speech
(electrical form) originating from the driver, and noise,
is then available in the main unit. The main unit 14 com-
bines the signal ASe going to each loudspeaker from
the audio unit 10 with the signal S1ae1.
[0034] This process is carried out for each speaker.
ASxe + S1ae1 is then transmitted to each of the distri-
bution modules 16.2, 16.3 and 16.4, where x corre-
sponds to the particular speaker (2,3 or 4) in this four
speaker example. The combined signal is typically not
transmitted to the module 16.1 which is associated with
the source of origin of the speech signal.
[0035] The combined signal ASxe + S1ae1 is trans-
mitted to the various loudspeakers 12.2 to 12.4 which
are associated with different seats in the vehicle. Per-
sons seated at these seats therefore hear a signal which
consists of the audio signal originating from the audio
unit 10 in accordance with the volume setting (including
left/right balance and back/front balance) and the super-
imposed speech signal which is derived from the driver.
Thus, with the system shown in Figure 1, the driver's
speech signal is automatically transmitted to all loud-
speakers except possibly the loudspeaker which is as-
sociated with the driver. Clearly this speech may be am-
plified at will but the system displays the added advan-
tage that acoustic signal is not attenuated by the sound
(noise) dampening technologies in the vehicle, nor is the
attenuation of the acoustic signal attenuated over dis-
tance.
[0036] If additional wiring or other medium of transfer
from the microphone to the main unit can be accommo-
dated a system as shown in Figure 1a is preferred, fail-

ing which distribution modules may be used as shown
in Figure 1. It would also be possible to adjust the am-
plitude of the speech (S1) to the various speakers indi-
vidually (see Figure 10). The volume settings in Figure
10 may be for the speech signals only or for a combina-
tion of speech and music or for signals from the audio
unit 10 only.
[0037] The system shown in Figure 1 can be devel-
oped to ensure that a speech signal which may originate
at any location is transmitted, using the audio system of
the vehicle, to all other locations excluding possibly the
location of origin. This is shown in Figures 2 and 2a.
[0038] It is to be noted that in the arrangement of Fig-
ure 1 the adaptive filtering to extract the speech may be
done in the distribution module or the main unit, whereas
the system in Figure 1a would use techniques of the type
described hereinafter with reference to Figure 9 with the
filtering as part of the main unit.
[0039] In Figure 2 microphones 18.1 to 18.4 are as-
sociated with the positions at loudspeakers 12.1 to 12.4
respectively. It is assumed that speech signals S1 to S4
are originated at the respective locations of the loud-
speakers 12.1 to 12.4 and are detected by respective
microphones 18.1 to 18.4. Using techniques analogous
to that described in connection with Figures 1 and 1a
the various speech signals are combined with the audio
signal originating from the audio unit and the resulting
combinations are distributed to the various speakers.
Thus the loudspeaker 12.1 receives a signal AS1 con-
sisting of (AS1e + S2 + S3 + S4); the loudspeaker 12.2
receives a signal AS2 which is equal to (AS2e + S1 +
S3 + S4); the loudspeaker 12.3 receives a signal AS3
equal to (AS3e + S1 + S2 + S4) and the loudspeaker
12.4 receives a signal AS4 which is equal to (AS4e +
S1 + S2 + S3); (where SN is the speech signal detected
by the microphone 18N). An attempt is made to distin-
guish between the ideal value say S1 and S1e, respec-
tively representing the speech and the microphone out-
put thereof, and the estimation thereof which is done by
the digital signal processing and which is denoted as
S1e1.
[0040] Figure 3 illustrates in block diagram form the
construction of a distribution module 16. The module is
connected to a microphone 18 and a loudspeaker 12,
and a speaker wire 20 extends from the main unit 14,
not shown, to the distribution module. The speaker wire
20 carries the signals from the main unit to the distribu-
tion module and the speech and other signals which are
transferred between the distribution module and the
main unit. In Figures 1 and 2, separate lines are shown
for these signals but this is merely for convenience. As
is described hereinafter frequency shifting or translation
may be used to enable both signals to be transmitted
on a single line.
[0041] The module 16 includes mixers 22 and 24 re-
spectively and first and second filters 26 and 28 respec-
tively.
[0042] The filter 26 is a band pass filter extending for
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example from 100Hz to 20kHz and is suitable for speech
and music transmission. The purpose of this filter is to
filter out a signal of speech and other sounds which are
picked up by the local microphone 18, frequency shifted
by the mixer 24 and local oscillator 30 and then mixed
into the line by the mixer 22.
[0043] The filter 28 is a dynamic adaptive digital filter
mechanism. The filter is implemented by dynamically
adjusting the coefficients of an FIR-type filter so that all
sounds which are detected by the microphone 18 and
which are correlated with the sounds which are output
to the loudspeaker 12, are cancelled out as best as pos-
sible. This technique can be implemented using a least
means square error principle (LMS). The quality of the
cancellation is determined by the quality of the digitiza-
tion, length of filter, etc. As is usual a trade off with cost
is required.
[0044] The system can be designed so that the adap-
tive filter can estimate the transfer function as part of the
installation procedure. The resultant filter coefficients
can then be stored in a non-volatile memory 29 and can
be used every time the system is powered up. This ap-
proach prevents the adaptation process from starting at
a random or an all-zero vector, speeds up the adaptation
process, and helps to prevent spurious transients at
start up.
[0045] The system can also be designed to store new
coefficients when it is determined that the transfer func-
tion has changed, or has changed by more than a min-
imum setting. This can result when large objects are
placed in a vehicle, when there is a change in passenger
numbers, a change in balance (L/R, F/B) and many
more.
[0046] The filter 28 can also include a stage in which
the output, typically the speech originating near a micro-
phone 18, is filtered over the speech band, from say
300Hz to 6kHz, to keep noise out of the system. Alter-
natively the speech band filter can be positioned be-
tween the microphone and the filter 28. An anti-aliasing
filter is required in any event.
[0047] The mixer 24 multiplies the signal which is
transmitted to the main unit 14 with a signal from a local
oscillator 30 so that the signal is translated in frequency.
The mixer 22 mixes this signal with the signal AS from
the main unit and allows both signals, i.e. the audio sig-
nal and the speech signal, to be impressed on the
speaker wire 20 at different locations in the frequency
spectrum.
[0048] It may be advantageous to add a low level of
white noise to the signal from the audio system (radio/
CD etc.) before this signal is output on the speakers.
The adaptive filter 28 needs to build a model of the trans-
fer function between the electrical signal before the
speakers to the electrical signal after the microphone.
In order to do so the filter requires energy over the whole
frequency spectrum and since this cannot be guaran-
teed for all music and sounds from the audio system, it
may be prudent to add the white noise from a source 31

for a short time period to help estimate the transfer func-
tion at all frequencies.
[0049] The noise level should be very low so that it
does not irritate a listener. The white noise needs to be
added only for about a second and the addition thereof
should not prove to be a source of annoyance to the
occupants of the vehicle. It may be necessary to repeat
this from time to time.
[0050] Figure 4 illustrates a main unit 14 in block dia-
gram form. The main unit includes third and fourth filters
32 and 34 respectively, mixers 36, 38 and 40 and local
oscillators 42 and 44 respectively. The mixer 36 assess-
es the gain coefficient or factor of the audio unit 10 and
multiplies the speech signal which is input on the re-
spective speaker wire 20 with the gain coefficient and
mixes the resulting signal with the audio signal which is
then transmitted to each loudspeaker except possibly to
the loudspeaker of origin of the speech signal. The gain
of the loudspeaker of origin is preferably zero or lower
than the others to ensure that there is no echo and that
positive feedback does not occur.
[0051] It is also important to ensure that the sound
from the microphones is processed in such a way that
background noise is eliminated as far as possible. This
can also be done using dynamic adaptive filtering tech-
niques. For example, a continuous sine wave can easily
be identified as a non-speech signal and then removed
with a sharp filter.
[0052] The system can also be used to adapt sound
levels at the different loudspeakers to prevailing condi-
tions.
[0053] An important function that can be designed into
the system is that of automatic volume control. A radio
and music volume setting that may be acceptable at a
high speed with an attendant high background noise lev-
el will probably be too loud when the vehicle speed is
much lower.
[0054] The system has access to signals which rep-
resent noise and sound levels and which can be ana-
lysed to make a decision on automatically adjusting the
volume control to a different level. With a digital signal
processor available and microphones placed strategi-
cally in various places inside the vehicle, it is possible
to extract the required parameters (road and engine
noise levels) and to make the necessary adjustments to
ensure a pleasant audio experience for the vehicle's oc-
cupants.
[0055] The system can also shut down if no voice sig-
nal is present and can be integrated with cell phone
technology to provide hands-free working.
[0056] The filters 32 and 34 extract the frequency
translated speech signal input on the speaker wire 20
by removing the baseband signals and the mixers 38
and 40 translate the speech signal to the base band. In
the mixer 36 the audio signal is mixed with the speech
signals from each of the locations and is then distributed
to each loudspeaker except, possibly, for each speech
signal, the respective location of origin.
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[0057] Figure 5 illustrates frequency utilisation on a
loudspeaker wire 20. The audio signal AS originating
from the audio unit 10 occupies a first frequency band
(baseband) while the speech signal S, detected at a giv-
en location, is translated in frequency and is positioned
at a relatively high frequency. Thus AS and S are not
mixed, in a frequency sense, and can be transmitted
over a single wire. As has been indicated, for the speech
signal S to be audible in a conventional manner, the
speech signal S is shifted downwards in frequency to
the baseband before reaching the respective loud-
speakers. Systems using additional hard wires (or other
medium like RF) to carry the signals from the various
microphones to the main unit are much simpler without
the need to filter and frequency shift to such an extent
(see Figures 1a, 2 and 9).
[0058] Figure 6 illustrates in block diagram form an-
other example of a system which is substantially the
same as the system illustrated in Figure 1 in that speech
originating only from a single location, for example from
the driver of a vehicle, is distributed to the various speak-
ers in an audio system except the loudspeaker associ-
ated with the driver.
[0059] The speech distribution system includes a mix-
er 50, a filter 52 and an echo cancellation mechanism
54. Four loudspeakers 12.1, 12.2, 12.3 and 12.4 are in-
cluded in the audio system. A speaker wire 56 extends
from the audio unit 10 and is destined for the speaker
12.1 associated with the driver. A speaker wire 58 which
is destined for the speakers 12.2, 12.3 and 12.4 extends
from the audio unit to the mixer 50. A microphone 60 is
associated with the speaker 12.1 and is positioned to
detect speech from a driver of the vehicle.
[0060] The filter 52 is an analogue or digital filter
which extracts a speech signal originating from the driv-
er. If use is made of a digital filter then the filter includes
an analogue anti-aliasing filter. This would typically be
a 300Hz to 3kHz (or 6kHz) bandpass filter.
[0061] The echo cancellation mechanism 54 is a dy-
namically adaptive device (see Figure 9). In a situation
in which high quality sound is required, for example in
a stereo system, it may be necessary to operate in par-
allel so that the stereo signals are handled in parallel for
better cancellation of the audio signal originating from
the audio unit i.e. in order to extract the locally generated
speech more effectively.
[0062] The mechanism 54 may also include a fixed
filter which limits the working of the adaptive portion of
the mechanism to the same band as the filter 52.
[0063] The mixer 50 amplifies the desired speech sig-
nal to a level which is comparable to the amplitudes of
the other signals or even to a predetermined user-set-
table level. The speech signal is then mixed with the au-
dio signal originating from the unit 10 which is destined
for the speakers 12.2 to 12.4. Volume may be controlled
by means of a conventional device 62. The device 62
could also, to some extent, be controlled automatically,
by means of a processor 63, which is responsive to

background noise levels so that, as has been described
hereinbefore, the volume of the audio input signal is au-
tomatically adjusted in a manner which is dependent on
the background noise level. Thus if the audio unit vol-
ume level is increased the amplitude of the mixed
speech signal is also increased. The volume adjustment
may be effective for individual speakers or for groups of
speakers.
[0064] It is possible to combine a microphone with a
loudspeaker in the sense that these devices are inte-
grally formed. In this instance the arrangement shown
in Figure 6 is slightly simplified to that shown in Figure
7. The operation of the speech distribution system
shown in Figure 7 is however effectively the same as
what has been described in connection with Figure 6.
This approach would however require more accurate
signal processing to extract the received signal (micro-
phone action) from the much bigger output signal (loud-
speaker action).
[0065] Figures 1 and 2 illustrate systems which make
use of a plurality of localised distribution units. In other
words a distribution module 16 is associated with each
respective loudspeaker. With this approach the system
can be incorporated with minimal adjustments into the
existing audio wiring system of the vehicle. With an au-
dio system which has four loudspeakers this does how-
ever mean that five hardware items are required, name-
ly the four distribution modules 16 and the main or cen-
tral unit 14.
[0066] With a different approach it is possible to make
use of centralised distribution. For example if the differ-
ent microphones can be hardwired or if it can be as-
sumed that the microphone signal can be transmitted
over the loudspeaker wires or that the microphone is
part of the loudspeaker then the system can be simpli-
fied as a central distribution unit. This technique is
shown in Figure 1a, Figure 2a, Figure 8 and Figure 9.
[0067] The arrangement of Figure 8 is substantially
the same as that shown in Figure 6. However as the
loudspeakers 12 and the microphones 18 are effectively
integral a connection 70 becomes effective which
means that the loudspeaker signals and the microphone
signals are transmitted over the same wires.
[0068] According to a further modification of the in-
vention time delays can be built into the system to com-
pensate for the differences in the transmission times of
the physical sounds (the true acoustic sounds) and the
electronic or electrical signals which represent the
sounds and travel much faster. In this way discernible
echoes or reverberation effects can be eliminated or
minimised.
[0069] Another possibility is to incorporate the distri-
bution system, whether in the form of a central distribu-
tion unit or a distributed unit, into the audio system of
the vehicle. Separate hardware items are then not in-
stalled for the components necessary to implement the
speech distribution system are incorporated in the audio
system.
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[0070] The system of the invention, inter alia because
of the presence of processing power 63 (see Figure 7)
and sensors (driver microphone 60) lends itself to voice
recognition processing of the speech signals. With this
technology the driver can orally give commands to the
sound distribution system, using the techniques already
described, which allow the speech signals to be extract-
ed. Since in one embodiment of the invention the
speech extraction function is integrated with the audio
system of the vehicle, oral commands can be given to
the audio system as well. It is therefore possible to allow
for an occupant, say the driver, to give oral commands.
These commands are recognized by suitable software
65 which generates control signals 67 in response
thereto, eg. to change a selected radio station or to ad-
just the volume level, a CD track or disk etc. These fea-
tures are convenient and improve safety through reduc-
ing the need for the driver to look away from the road.
[0071] Similarly, oral commands can be used to con-
trol other vehicle functions (69) such as setting a speed
control unit, turning lights on and off, controlling wiper
functions, mobile phone functions and the like. This may
be done in conjunction with pressing an "audio com-
mand" activation button 71 that should typically be lo-
cated on the steering wheel. It would be desirable for
this unit to control, via voice command from the driver,
the answering and dialing of a vehicular based mobile
phone. The volume of the audio unit can then automat-
ically be reduced and a particular occupant primarily tar-
geted for the phone conversation or all occupants equal-
ly. Voice commands may be used for entertainment sys-
tems (DVD, VHS, TV), a radio station, electronic guid-
ance (GPS) control and address selection, climatic con-
trol (A/C, heating), and the like.
[0072] In a further embodiment (see Figure 10) the
passengers would have a switch,or two switches 80, 82
(for + and -) to adjust the speech signal louder or softer
at their particular locations. This would enable passen-
gers with bad hearing to adjust the volume of speech
louder at their location without affecting other people or
requiring the driver to do it for them. It is also possible
for all the speech signals received from various micro-
phones (18) to be normalised before being adjusted by
the level setting from each location and mixed with other
signals to be sent to the various locations (seats). As
such the effects of different passengers talking louder
and softer as well as effects such as sitting closer to or
further from a microphone can be negated to have a uni-
form level of speech signals conforming to the settings
at each location. Such a system would need additional
wires or another mechanism to carry the setting signals
back to the central unit where the mixing is done. A cen-
tral override is also possible.
[0073] In Figure 9 a system equivalent to Figure 1a is
shown but with the main unit 14 of Figure 1 depicted in
more detail. In Figure 9 the loudspeakers are marked
12.1 to 12.4 but they are conventionally distinguished
from one another as LF (left front), RF (right front), LB

(left back) and RB (right back).
[0074] In the system of Figure 9 the signals from the
radio/CD unit 10, with their relative volumes as they
would go to the various loudspeakers, are fed into the
main unit 14. All the functions required of the unit 14 can
be substantially performed in a single digital processor,
or some can be done in analogue, for example the final
mixing, which is described hereinafter with reference to
a stage 104.
[0075] A digital filter is associated with each micro-
phone although in this case only one microphone is
shown. A signal from the radio unit 10 is fed into a shift
register delay line 90 of the digital filter. The values from
the delay line are then multiplied with the digital filter
coefficients 92 and summed in an accumulator 94. The
result is an estimate of the part of the microphone signal
that represents the signals from the radio unit subjected
to the transfer functions of the loudspeakers, the micro-
phones and the media between them. This value is sub-
tracted (step 96) from the signals detected by the micro-
phone 18.1 to give a signal which, as has been dis-
cussed elsewhere, represents the error signal driving
the filter adaptation process and also the signals of other
sounds like speech originating close to the microphone.
[0076] In a stage 98 the error signal is multiplied with
a coefficient that determines the adaptation rate and al-
so the smoothness of the adaptation. The error signal
is then further used to drive the filter coefficients 92.
From the same signal, but on the signal side, an average
power is determined in a step 100. This is useful to help
keep signals adjusted or to set values at the various lo-
cations. The signal from the microphone may also be
analysed in terms of content and power to prevent a sit-
uation in which no speech is present and only noise is
being inserted into the system and amplified. This error
(speech) signal is then adjusted in a stage 102 to reflect
the volume settings of the speech to the various loud-
speakers.
[0077] In a step 104 the final mix takes place between
the signals from the radio unit 10 with the speech signals
which are now volume adjusted. This can be done at a
small signal level and the resulting signal is amplified
(104) and is then sent to the various loudspeakers.
[0078] In preferred embodiments, the present inven-
tions may include:

A method of distributing speech which includes the
steps of:

(a) at a given location, receiving an audio sig-
nal, through a microphone,
(b) extracting from the audio signal a signal rep-
resenting speech originating from or near the
said location, and
(c) distributing an electric signal which is mixed
with the extracted speech signal to at least one
loudspeaker at another location.
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[0079] The extracted signal may be amplified.
[0080] Step (b) may be carried out to subtract an es-
timation of the audio signal from the microphone signal
to yield a signal representing an estimation of the
speech.
[0081] Step (b) may be carried out using adaptive fil-
tering techniques and the estimation of the audio refer-
ence signal results from the signal being transformed
through an adaptive filter.
[0082] The method may be implemented inside a ve-
hicle and wherein the said signal is distributed to a plu-
rality of locations which respectively correspond to seat-
ing positions inside the vehicle.
[0083] The said signal may be distributed through at
least one loudspeaker which forms part of an audio sys-
tem inside the vehicle.
[0084] The method may include the steps of monitor-
ing a background noise level and automatically varying
the signal strength of the said distributed signal in re-
sponse to the background noise level.
[0085] Different audio signals may be received from
each of the said locations and signals which correspond
to each extracted speech signal are distributed to the
various locations.
[0086] Each audio signal which is received from a re-
spective location may be filtered and shifted in frequen-
cy so that it can be transmitted to a central unit on con-
ductive lines which are also used for the transmission
of audio signals to at least the said loudspeaker.
[0087] The method may include the step of using
voice recognition processing to control at least one of
the following:

- signal strength of the distributed speech
- audio system volume
- CD selection
- track selection
- mobile phone functions
- radio station selection
- wiper functions
- lights
- climatic control
- electronic guidance control
- entertainment system control

[0088] The method may include the step at least at
one of the said locations, of adjusting the strength of the
electric signal which is distributed in step (c) to the said
location.
[0089] The method may include the steps of using
white noise to build a transfer function which is subse-
quently used to produce the said distributed electric sig-
nal.
[0090] The method may include the steps of storing
coefficients of a digital filter which is used to extract the
said signal in step (b) and loading the stored coefficients
into the filter when the filter is started.
[0091] Apparatus for distributing speech which in-

cludes a receiving device for receiving an acoustic sig-
nal from one of a plurality of locations, a module for ex-
tracting from the acoustic signal an estimated signal
which represents speech, and a distribution unit for dis-
tributing a signal which is based on the extracted esti-
mated speech signal to at least some of the said plurality
of locations.
[0092] The said signal may be distributed to each of
the said plurality of locations but excluding the location
from which the said acoustic signal was received.
[0093] The receiving device may be a microphone
which is one of a plurality of microphones each of which
is associated with a respective said location.
[0094] The said module may include at least one filter
for extracting the said acoustic speech signal and at
least one mixer for translating the frequency of the ex-
tracted speech signal relatively to a signal emanating
from an audio unit.
[0095] The said distribution unit may include at least
one filter which extracts the frequency translated
speech signal and at least one mixer which mixes the
said extracted speech signal with a gain factor of the
said audio unit to produce a signal which is transmitted
to a respective loudspeaker at least at one respective
location.
[0096] The said signal may be transmitted to a re-
spective loudspeaker at each respective location except
the said location from which the said acoustic signal was
received.
[0097] The said module may include a white noise
source from which white noise is added to the audio sys-
tem before being output through loudspeakers and the
said filter is responsive thereto to build a desired transfer
function.
[0098] The filter may be a digital filter and the said
module includes a memory to store adapted coefficients
of the digital filter, and the said coefficients are loaded
into the filter at start up.
[0099] The apparatus may include a processor for
controlling the signal strength of the said distributed sig-
nal in a manner which is dependent on the level of back-
ground noise.
[0100] The apparatus may include a control at least
at one location to control the strength of the signal dis-
tributed to that location.
[0101] The apparatus may be integrated into an audio
system.

Claims

1. A method of distributing speech in the presence of
an audio system which includes the steps of:

(a) at a first location receiving a first audio sig-
nal (S1a/As1m) through a microphone (18.1),
the first audio signal including a second signal
related to an output of the audio system, a voice
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signal representing speech (S1a) originating
from or near the location and noise,
(b) extracting from the first audio signal a third
signal (Slae1), representing the voice signal
and the noise, by subtracting from the first au-
dio signal an estimation of the second signal,
determined by using at least an electrical output
signal of the audio system,
(c) mixing the third signal (Slae1) with the elec-
trical output signal (Ase) to produce a second
output signal (As2e, S1e1),
(d) distributing the second output signal
through the audio system to at least one loud-
speaker (12.2 to 12.4), and
(e) using the third signal extracted in step (b)
as a voice input to a phone.

2. A method according to claim 1 which is carried out
in a vehicle which has a plurality of microphones
respectively positioned at a plurality of locations in
the vehicle, and wherein the third signal represents
a first voice signal and noise at a first location which
is selected from the plurality of locations.

3. A method according to claim 2 wherein one of the
plurality of locations is a location for a driver of the
vehicle and the first location is selected from the re-
maining locations.

4. A method according to claim 2 wherein a further
third signal is extracted which represents a second
voice signal and noise at a second location which
is selected from the plurality of locations.

5. A method according to claim 4 wherein one of the
plurality of locations is a location for a driver of the
vehicle and the first and second location are each
selected from the remaining locations.
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