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1 Mobi‘l e radiotel ephone set with handsfree device.. The invention rel s to
a nnb!le radi ot el ephone set wit‘h a handsfree device, which handsfree Vi ce
conpri ses conbi ni ng means for conbining at | east two acoustic input
signal s, anqyrpgdmydye filter for filterpng the conmbi ned @EPupdd A58 e%f
t he conbi ni ng nmeans. The invention further relates to a handsfréiedeV|ce

whi ch conpr iMdisi X rtd dii de TEHENé Ose € OFPER| REnd&freasdeiiBeacoust i ¢ i nput
signals, and an adaptive filter for filtering the conbi ned output signal of

t he conbi ni ng neans. A handsfree device with four m crophones is known, for
exanple, from"A M CROPHONE ARRAY W TH ADAPTI VE POSTFI LTERI NG FOR NO SE
REDUCTI ON | N REVERBERANT ROOM' by

The invention relates to é mobile radiotelephone
set with a handsfree device, which handsfree device comprises
combining means for combining at least two acoustic input

5 signals, and an adaptive filter for filtering the combined
output signal of the combining means.

The invention further relates to a handsfree device
which comprises combining means for combining at least two
acoustic input signals, and an adaptive filter for filtering

10 the combined output signal of the combining means.

A handsfree device with four microphones is known,

for example, from "A MICROPHONE ARRAY WITH ADAPTIVE

15 POSTFILTERING FOR NOISE REDUCTION IN REVERBERANT ROOM" by
Rainer Zelinski, ICASSP 88, pp. 2578 to 2581. In a first
processing step the directivity gain of the two-dimensionally
arranged microphones is ﬁsed for noise reduction. In a second
processing step the microphone signals are further processed

20 by an adaptive Wiener filter which estimates the desired
speech signal. For computing the parameters of the Wiener
filter the autocorrelation function and the cross-correlation
function of the input sighals'are measured.

25
It is an object of the invention to improve the
speech quality in a mobile radiotelephone set and in a
handsfree device of the type defined in the opening
paragraph. ' |
30 In a mobile radiotelephone set as well as in a
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Rai ner’ Zel i'nski, | CASSP 88, pp. 2578 to 2581. In a first processing step
the directivity gain of the two-dinensionally arranged m crophones is used
for noise reduction. In a second processing step the m crophone signals are

spoech sl gndl0 TSI uti g  he parancterd of the Wener HCG/LEH 00368
Sl ocor ) SHHALANS i 0 PSS Hrpg SAELAA oLy UHG! bBlnsh Berheton
speech qual ithis whieathiie achieved ehnothater highrpasshihdseredsdevice of
; 26 Wte %'Feagez‘ﬂnﬂgﬁdéa L6 OPEIE &S] R\ B19é dpbousfid TRPatesigaadkel ephone set
The invention is based on the recognition that
5 various undesired side effects occur as a result of the large
noise component in the microphone signals i.e. in the
acoustic input signals in a motor car when the parameters for
the adaptive filter are computed, which side effects lead to
a degradation of the speech quality of the output signal. For
10 processing the acoustic analog input signals coming from a
group of microphones arranged in an array, these input
signals are first converted, for example, into digital
signals by analog-to-digital converters. The combining means
following in the circuit are used for'combining the digital
15 input signals thus obtained to an output signal that contains
the least possible interference. The adaptive filter arranged
downstream of the combining means is used for reducing
disturbing noise which often occurs with a handsfree device
arranged in a motor car, for example, as a result of engine
20 noise. Especially the use of high-grade microphones may call
forth a degradation of the output signal of the handsfree
device. The high-pass filtéring of the acoustic input signals
surprisingly simply achieves a reduction of these effects.
For example, a 4 order digital IIR filter can be used as a

25 high-pass filter. Subjedting the input signals to such a
high-pass filtering provides that the poorer signal
processing relating to the low-frequency portions of the
input signals in the handsfree device may be omitted, so that
on the whole an improvement of the speech quality of .the

30 output signal of the handsfree device of the mobile
radiotelephone set is obtained. This achieves that the
relatively high signal energy of the low-frequency range,
which energy is mainly formed by interference signals, is
filtered out and thus an_imprbvement of the speech quality of

35 the handsfree device and thus of the mobile radiotelephone
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REPLACEMENT SHEET 2 handsfree device of the type defined in the opening
paragraph this object is achieved in that a high-pass filter is provided
for filtering the acoustic input signals. The invention is based on the

recognition.ﬁgagszef'gys undesired side effects occur as a.rﬁgéyf%gﬁ/665g5

| arge noi se conponent™in the m crophone signals i.e. in the acdustic’ Input
signals in asgﬁtfgdgff ¥Qg _the paraneters for the adaptive filter are
Ch STde erfe

conput ed, whi cts lead to a degradation of the speech quality of
the output signal. Folrprigrzoved) speech Aralityrf dghe handsfyee devdqtng
froma of the mobile radiotelephone set may be achieved when the
limit frequency of the high-pass filter lies in the range
5 from 200 to 400 Hz. Especially with a 300 Hz limit frequency

of the high-pass filter a considerable improvement of the
output signal could be realised, as frequencies lying below
300 Hz do not play a role anyway in telephone speech relating
to a mobile radiotelephone set. |

10 A further improvement of the speech quality of the
handsfree device may be ensured in that a further high-pass
filter is provided for filteringwth output signal of the
adaptive filter. The further high-pass filtering may reduce
further low-frequency interference signal portions that have

15 not been sufficiently suppressed by the adaptive filter. This
is based on the recognition that as a result of the time
variance of the adaptive filtér, additional phenomena occur
of which the energy is concentrated on the lower frequency
range even if the input signals do not contain low-frequency

20 signal portions. The further high-pass filtering attenuates
these low-frequency signal portions and simultaneously
increases the higher signal frequencies, so that a dull sound
impression otherwise caused by a faulty reaction to an
attenuation of the high-frequency signal portions is avoided.

25 - A further improved speech quality of the handsfree
device of the mobile radiotelephone set may be achieved when
the limit frequency of the further high-pass filter lies in
the range from 200 to 400 Hz. A considerable improvement of
the output signal could be achieved especially with a 300 Hz

30 limit frequency of the further high-pass filter.

Differences of delay of the acoustic input signals

recorded by, for example, a microphone array, may be simply
taken into account in that the combining means comprise a
delay equalization means for equalizing the differences

35 between the input signals. Therefore, the delay equalization
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group of mi'crophones arranged in an array, these input signals are first
converted, for exanple, into digital signals by anal og-to-digital
converters. The conbining nmeans following in the circuit are used for

conbining t | Jj | nput signals thus ohtained to an out '

gont ai ns thg'?? géaﬂé-ggb%%l ble interference. ?he adaptive fi :Jt E&Tﬂ%?e@%
ownst r eam C 1L g ng..| di L& ugh ' ' '
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exanpl e, as summation otireyihecandi usedcEprceanalizhngusbeoredayh- grade

m cr ophones dif¥edifdncdbalsdd I6AT 808! £ Piie 0br£58LE bBEVeNOHE Bpeken

tr pr1 5 ngl yS AT \POEHI SR TRURGPUACAE LRBYE BLFBRLE. 1Br SRaibee. o
Al err§ ordemmit¥ppridnd |&Kidghalser can be used as a

A further improvement of the speech quality may be
achieved in that the delay equalization means comprises
plausibility examining means provided for examining whether a
defined distance and/or direction from the starting point of

10 the output signals to a speaker exceeds a predefined limit
value. During such a plausibility examination there is
examined whether a defined distance to the speaker is
exceeded by the predefined limit value when the speaker is
focused at, while this limit value can be selected in

15 accordance with the inside measurements of the motor car.
Additionally, the direction from which the input signals are
recorded can also be taken into account for the plausibility
examination as a result of which erroneous, i.e. impossible |
speaker locations, for example a speaker location behind the

20 microphones, can be excluded.

A particularly poor speech quality occurring as a
result of erroneocusly estimated correlation functions and/or
numerical problems can be improved in that the handsfree
device comprises an arrangement for computing the parameters

25 of the adaptive filter from the autocorrelation function and
the cross-~correlation function of the input signals, while
especially the autocorrelation function and/or cross-
correlation function are averaged with time.

An advantageous possibility for computing the

30 cross-correlation function is that the autocorrelation
function is scaled and the cross-correlation function is
affected by the autocorrelation function.

Annoying effects during handsfree operation may
simply be further reduced in that the handsfree device

35 comprises switching means provided for not using the adaptive
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h!gh-phss filter. Subjecting the input signals to such a high-pass
filtering provides that the poorer signal processing relating to the
| ow f requency portions of the input signals in the handsfree device nay be

omited, whol e an i nprovenegt of the speech(¥51
out put si gnavf a% ﬂﬂ]e {:gndsfree devi ce of t?e nobi |l e radi otel ep o:lgnye%s)e(t)éiif5
fgm p:guelg/ﬂrié;ﬁg'eméﬁ éﬁ@{é%te gs aeéaéffféyehtgavéfsmah aueisy ehet he |

is main i nterferen qnal s,
is filtered ‘Eﬁﬂp‘h‘FﬁF%%s°§ntli’?rp§'gV‘éﬁ%¥eﬁ?¥%ﬂE EEBEE¥°HUQPW§'roF%Fh ss-
handsfree deydreBdieidmusunétidr. nobi I e radi ot el ephone

A Wiener filter may be suitably used as the
5 adaptive filter.

In the following the invention will be further
explained with reference to the exemplary embodiments shown
10 in the drawing Figures in which:
Fig. 1 shows a cutaway view of a motor car with a
diagrammatically represented handsfree device, and
Fig. 2 shows an embodiment for a handsfree device.

15
Fig. 1 shows in a diagram a cutaway view of a motor

car 7 with a driver 3. Fig. 1 further shows that a mobile
telephone 4 with a handsfree device 6 is arranged in the
motor car, while the handsfree device 6 radiates a signal

20 received from a remote subscriber via a loudspeaker 2 into
the acoustic environment i.e. into the inside of the motor
car 7 and is thus audible to the local subscriber 3 ("ldud
hearing operation"). A microphone group 1 is arranged over
the speaker 3 in the motor'car 7, which microphone group

25 captures the speech of the speaker 3 as well as further
acoustic signals from the environment to send them as
acoustic input signals 9 via the handsfree device 6 and the
mobile radiotelephone set 4 to a remote subscriber connected
to the mobile radiotelephone.set 4 by a radio channel 5

30 (*handsfree operation"), while in the following "handsfree
operation" is always intended to be understood as the
combination of the two functions of "loud hearing operation"
and "handsfree operation". The handsfree device 6 arranged
inside the motor car may form both a constituent part of the

35 mobile radiotelephone set 4 and be connected to the mobile
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3 set is effected. An inproved speech quality of the handsfree device of
the nobile radiotel ephone set may be achieved when the |imt frequency of
the high-pass filter lies in the range from 200 to 400 Hz. Especially with

o “the out pOPSRETSEENI A be real [sed. as O requenci o5 |yt ng GL HRPSEH0EEE"
radi ot ef ephoreaLefelSEhite 8ot "1 B3 B aRBass ey - EnbudneRty TP dhther
handsfree desomponentscnermaildy usefhfibrather bperakign- pdsa midkide i s
Frovided forrééi$€%i€§h5ﬂg gUEPUEeShERaknBhn! 1R RHRPEXERPTarye embbdfinent
urt her 'high-pass Ti grlng may reduce -
shown in Fig. for clarity.

5 During handsfree operation in a motor car,
fundamental problems occur. On the one hand, the microphone 1
or the microphone group 1 respectively, captures not only the
desired speech signal of the speaker 3 but also other signals
from the acoustic environment, which other signals can be

10 classified into two categories with respect to the available
technical solutions. They are, on the one hand, the acoustic
echo of the loudspeaker signal and, on the other hand, the
local noise which may be caused by, for example, engine,
ventilation, tyres, wind, rain and so on. These signals act

15 as a disturbance on the actual useful signal i.e. the voice
of the local subscriber 3 and may thus decisively affect the
speech quality of the telephone link established by the
mobile radiotelephone set 4 and the radio channel 5. They
degrade the understandability of the useful signal and impair

20 the quality thereof also when a speech coding method is used.
The impairing effect also enhances when the transmission bit
rate is reduced, for example, with GSM codecs and the
recognition rate of voice recognizers which, for example, can
be provided for voice-controlled operation of the mobile

25 telephone 4 is reduced. For the actual telephone operation
realised via the mobile radiotelephone set 4, the two former
effects are important, whereas only the remote subscriber
will be conscious thereof. For example, the remote subscriber
will hear the -echo of his own voice (after about 30 ms signal

30 delay i.e. with GSM with about 180 ms delay all the more
distinctly), and he will perceive the effects of local noise
as impaired speech quality. The local subscriber 3 will
experience reactions only if the feedback of the loudspeaker
signal to the microphone 1 causes stability problems to occur

35 in the telephone connection. With respect to the voice

This Sheet Has Been-Replaced SUBSTITUTE PAGE (RULE 26)

(L

THIS SHEET HAS BEEN
REPLACED




further |owfrequency interference signal portions that have not been
sufficiently suppressed by the adaptive filter. This is based on the
recognition that as a result of the time variance of the adaptive filter,

addi ti onal e cur of which the engrgy is concentra heodZper
freunncy rgﬂbgﬁgﬁgﬁqf the input signals do not contain |o§§$V§§ﬁ§H@Q
signal portions.. The fur L abh- ' I n t S

| ow f requen(l,: Qéol nn;ﬁ%o%ré%%%%% %I%%%J%éd ;g/w %@%ﬁ%e‘g‘g?%gghf‘e%%?h“e
signal freq4ers soias coantirelled) thﬁwkp¢a¢w$§kﬁQrﬂb@hévml%elmﬁegéétB}Ya

faulty reactd éghrﬁaﬁ @O df&&ﬂh&é@%@neuesasgﬁdaeibhoas s

avoi ded. A further 1nproved speech quality of the handsfree device of the

nmobi | e radi&hﬁ(ﬁﬁﬁﬂﬁ?¥§&°ﬁnﬁﬂﬁﬁ§achieved'when the limt frequency of the
further high-pass fil rar adadtioh to the desired loudspeaker signal 2 and

the associated echoes, the local subscriber 3 néturally
additionally hears the local noise, so that the sound
impression and the understandability are accordingly impaired
when there is a high additional noise level. To remove the

10 local noise from the microphone signals 1, various concepts
for noise reduction can be used. In principle, one always
tries to analyze the useful signal and the noise signal
separately and to suppress the noise signal in response to
the properties found, without simultaneously affecting the

15 useful signal.

Fig. 2 shows an exemplary embodiment for a
handsfree device 6 as it can be used in combination with or
inside a mobile radiotelephone set 4 shown in Fig. 1 (cf.
Fig. 1). The handsfree device 6 shown in Fig. 2 comprises a

20 microphone group 1 arranged, for example, as a microphone
array, whose acoustic input signals 9 captured by the
individual microphones are applied via an analog-to-digital
converter 22 to a high-pass filter 11 to be filtered. The
high-pass filter 11 forms part of the combining means 30

25 which are arranged for combining the input signals 9, while
the combining means 30 further include an arrangement 12 for
optimum weighting of the input signals, a delay equalization
circuit 13, a delay estimator 17 as well as a summation
circuit 15. A combined input signal 23 available on the

30 output of the combining means 30 is fed to an adaptive filter
14 which, together with the filter estimator 19, forms the
filter means 40 of the handsfree device 6. For filtering the
output signal 23 of the adaptive filter 14 there is
additionally provided a further high-pass filter 21 which

35 produces the output signal 22_of the handsfree device 6. In
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the range from 200 to 400 Hz. A considerable inprovenent of the output
signal could be achieved especially with a 300 Hz |imt frequency of the
further. high-pass filter. Differences of delay of the acoustic input

signals recorded b for exanple, a m crophone array, my be_si ml ken
into accowﬂWQrPﬁféés?%e combi ni ng means c8nprise a del ay e&ﬁgjgégaiébzss

the del ay ocif | Sxeitary ‘smnSAfRshE EShes, HrndSERER, ped fRos, SRRVEY e
i nput si gnal FiEgmatowly cthé upartsdofisthefl handgfinbezdeyitkeredlearant to the
scope of the invention are shown, while a representation of
the further components of a customary handsfree device has
5 been omitted for clarity.

The acoustic input signals 9 captured by the
microphone group 1 are first converted into digital signals
by converting means 22 (A/D converters). The subsequent
combining means 30 are used for converting the digital input

10 signals thus obtained into a minimum-noise output signal 23
whose quality is to be further improved by the subsequent
filter means 40. For this purpose, the digitized input
signals 9 are first high-pass filtered by high-pass filter 11
in the handsfree device 6 shown in Fig. 2, so that in a

15 surprisingly simple manner interference in the acoustic input
signals 9 can be reduced. Such a high-pass filter may be
arranged, for example, as a 2m’to 4t order digital IIR
(Infinite Impulse Response) filter. For example, 300 Hz is
used as a limit frequency of the high-pass filter 11.

20 Frequencies below 300 Hz do not play any role for the speech
signals to be processed for a mobile radiotelephone set and
the telephone speech resulting therefrom. Arrangement 12
performs an optimum weighting of the high-pass filtered input
signals in a known manner, while the high-pass filtered input

25 signals on the output of the high-pass filter 11 are also
used for estimating a delay for the'delay estimator 16 as
well as for the filter estimator 19 for estimating the
parameters 20 of the adaptive filter 14.

Before the input signals are combined by the

30 summation circuit 15, the delays of the input signals 9 of
the microphone group 1 are equalized by the delay
equalization circuit 13 in the exemplary embodiment for the
handsfree device 6 shown in Fig. 2. For this purpose the
delay equalization circuit 13 comprises plausibility

35 examininé means provided for examining whether a defined
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di fferences based on the tine offsets between the speech signal portions of
the acoustic input signals i.e. of the m crophone signals. A further
i nprovenent of the speech quality may be achieved in that the delay

equal i zati o 1%y§prises pl ausi bility gxam ning neans Pred gfg;

exaninipg nﬁ“fﬁﬁg% fined distance and/o? direction fromthe’s aﬁﬁﬁﬁ;ss
point of t Og ]ﬁ?ﬁ@% e p | ye.
During such agﬂ%au5|b| fﬁgéaﬁg%a 'O ¢§%§¢§ §€S%§%n$ﬁ€§£mﬁfgﬂgig;bdg |#ed
di st ance tospe@mmeacbs e eeedeteyminable clitnihevalua: t Syghua when the

speaker is fﬂ%ﬁ%%ﬁitm)k@miﬁiﬁ%léﬂéuyel tiReF@foPE BRVESEEFatBsaghetHarce
with the inside neasurenents of e notor car. Addi |onallzdeLhe dir itlon

from whi ch tihe jdgfixned fhftance to a speaker exceeds ermina
5 limit value when the speaker is focused at. This limit value

can be selected in accordance with the inside dimensions of
the motor car. For example, distances over one meter would
mean that the speaker must be outside the vehicle.
Additionally, the direction of the input signals can be taken

10 into consideration for such a plausibility examination. As a
result, supposed speaker pdsitions, for example, behind the
microphones, thus in the direction of the windscreen, may be
recognized as unlikely as may be speaker positions to the
left of the driver's position. When an unlikely speaker

15 position is recognized, preferably the most recent plausible
speaker position, i.e. the previous estimates, is used. This
may be ensured by the switching means 18 included in the
combining means 30 shown in Fig. 2. The microphone array 1
with its subsequent delay equalization makes it possible to

20 separate useful and noise components in the input signals 9
by its spatial selectivity. Simultaneously, an additional
array gain is achieved when the useful signal source is
focused at and the individual microphone signals 9 are
averaged, if the noise components in the microphone signals

25 are alternately uncorrelated and are therefore partly
cancelled during the summation. |

It is an object of the subsequent adaptive filter

14 of the filter means 40 to accentuate the useful portions
of the combining signal 23 and additionally suppress the

30 remaining noise signals. For this purpose, the
autocorrelation function and the cross-correlation function
of the input signals 9 are computed as parameters for the
adaptive filter 14 arrangéd, for example, as a Wiener filter,
via the filter estimator 19. Furthermore, there is examined

35 whether a coefficient overflow has occurred during the
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recorded can al so be taken into account for the plausibility exam nation as
a result of which erroneous, i.e. inpossible speaker |ocations, for exanple
a speaker |ocation behind the m crophones, can be excluded. A particularly

poor speech ‘ﬁbjaégi,y-,@gﬁurri ng as a result p§ erroneously estpdp Pﬂ94{100255
correlation tunctions and/or nunerical problens can be inproved in that the

handsfree deé/&:&ﬁ@u@&e?éﬁ S8f ABt8EbAPELARIbNS neeibut ARd/oie cRdswvet ers of
the adaptive filter fromthe autocorrela&bog functlgn agg %he . 14
cross- cor r el SRFERLALHER | EWncEiPReaNd iR thaharase hPre agaptdva £}
autocorrel ati®mdotinedi be as8ddor Thissmaycalsel bei efifected by he mwdtajdng
with tinme. An ady a us Lhidk C L.Ng4t Cl, - Gor W]y
function | s PRERS | R’ arpECERFEer) ibK-pbs BIRMEE" 1! Ban® FITEE G TrleP
5 low-frequency noise signal components in the signal 24
available on the output of the adaptive filter 14, which
components are insufficiently suppressed by the adaptive
filter 14, so that the output signal 22 of the handsfree

device 6 has a further enhanced speech gquality.
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function is scaled and tt{ wmgﬂ gﬂ"ion function is affected by the
autocorrelation function. - LGy @di% during handsfree operation may
sinply be further reduced in that the handsfree device conprises swtching
means provi r usi ng the adaptive 5 filter when there_ is a
coefficientq§€e$$(3€géaring t he conputatioﬁlof t he autocorre?%?i%ﬁgféﬂegﬁﬁn
and/or the c -.correlation function. A Wener filter may be suitably
used as the éﬁg%ﬁﬁve filter.

1. Mobile radiotelephone set with a handsfree device
(6), which handsfree device (6) comprises combining means
(30) for combining at least two acoustic input signals (9),
and an adaptive filter (14) for filtering the combined output
5 signal (23) of the combining means (30), characterized in
that a high-pass filter (11) is provided for filtering the
acoustic input signals (9). '
2. Mobile radiotelephone set as claimed in Claim 1,
characterized in that the limit frequency of the high-pass
10 filter (30) lies in the range from 200 to 400 Hz.
3. Mobile radiotelephone set as claimed in one of the
Claims 1 or 2, characterized in that a further high-pass
filter (21) is provided for filtering the output signal (23)
- of the adaptive filter (14).
15 4. Mobile radiotelephone set as claimed in one of the
Claims 1 to 3, characterized in that the limit frequency of
the further high-pass filter (21) lies in the range from 200
to 400 Hz.
5. Mobile radiotelephone set as claimed in one of the
20 Claims 1 to 4, characterized in that the combining means (30)
comprise a delay equalization circuit (13) for equalizing the
delays between the input signals (9).

6. Mobile radiotelephone set as claimed in one of the
Claims 1 to 5, characterized in that the delay equalization
25 circuit (13) comprises plausibility examining means provided

for examining whether a defined distance and/or direction

from the starting point of the input signals (9) to a speaker

(3) exceeds a predeterminable limit wvalue.

7. Mobile radiotelephone set as claimed in one of the
30 Claims 1 to 6, characterized in that the handsfree device (6)
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In the fol l'owi ng the i ;Hﬂ “M"lr"mmmjurt her explained with reference to
t he exenpl ary enbodi ne raw ng Figures in which: Fig. 1
* s T

shows a- cutaway vi ew of a motor Car*with a di agrammatically represented

handsfree deyic and Fig. 2 shows an enbodinent for a handsfree_device.

Fig. 1 shomswpng§/8ﬁ§37an1a cutaway view of2a notor car 7 wi Effi4I893/00265

Fig. 1 further _shows that _.a_nobil e tel Oq§>4 wi th a handsfree device 6 is
sfree

arranged in FREPRICSS éﬁrﬁaﬂﬁWQ$Wﬁﬂ§|n _QﬁﬂﬁQﬁfqgr RLane ?ﬁﬁal
recei ved frofk8)r efothes aidaptiilver fililtex | (s ket i antocderalationc

teﬂ"i ronnment 'uﬂc.ti'%ogh ,éh%sic%%ég-ééﬁéﬂﬂofﬁéugc%iéft% hple to
e |l ocal subscriber I'oud hearing operation”). A mcrophone group 1 is
arranged ovefignals (9), while especially the autocorrelation function
5 and/or cross-correlation function are averaged with time.
8. Mobile radiotelephone set as claimed in one of the
Claims 1 to 7, characterized in that for computing the cross-
correlation function the autocorrelation function is scaled
and the cross-correlation function is affected by the
10 autocorrelation function.
9. Mobile radiotelephone set as claimed in one of the
Claims 1 to 8, characterized in that the handsfree device
comprises switching means (18) which are provided for not
using the adaptive filter when there is a coefficient
15 overflow during the computation of the autocorrelation
function and/or the cross-correlation function.
10. Mobile radiotelephone set as claimed in one of the
Claims 1 to 9, characterized in that the adaptive filter (14)
is a Wiener filter.
20 11. Handsfree device (6) comprising combining means
(30) for combining at least two acoustic input signals (9),
and an adaptive filter (14) for filtering the combined output
signal (23) of the combining means (30), characterized in
that a high-pass filter (11) is provided for filtering the
25 acoustic input signais (9). : '
12. Handsfree device as claimed in Claim 11,
. characterized in that the limit frequency of the high-pass
filter (11) lies in the range from 200 to 400 Hz.
13. Handsfree device as claimed in one of the Qlaims 11
30 or 12, characterized in that a further high-pass filter (21)
is provided for filtering the output signal (24) of the
adaptive filter (14). ' _
14. Handsfree device as claimed in one of the Claims 11

to 13, characterized in that the limit frequency of the
35 further high-pass filter (21) lies in the range from 200 to
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the speaker” 3 in the ' InGdy, M crophone group captures the
speech of the speakerng'ummﬂ""m#mumter acoustic signals fromthe
environaent to send therh a§ atousti< i#lput signals 9 via the handsfree
devi.ce 6 and the nobil e radiotel ephone set 4 to a renote subscri ber
connect ed t W@ hRSABBPP2 radi ot el ephone setld by a radi o chanPeT/EB94/00265
("handsfree operation”), while in the follow ng "handsfree operation" is

al ways inte % B%- be understood as the conbination of the two functions of

"I oud hga_r i n:_grséI ope ati Q{ﬁhdﬂﬁéé&i@kfid&@%@p@laiﬁm" inToge haﬁdﬁﬁéefeld%MECQIG
arrange I NS de. e notor,cat V.10 0 a _consti.t uent art t he
b 1o adi Fer bnosetartaRiad shobRnE o s 5B gL Aeat '3Y)

comprise a delay equalization circuit (13) for equalizing the

5 delays between the input signals (9).

16. Handsfree device as claimed in one of the Claims 11
to 15, characterized in that the delay equalization circuit
(13) comprises plausibility examining means provided for
examining whether a defined distance and/or direction from

10 the starting point of the input signals (9) to a speaker (3)
exceeds a predeterminable limit wvalue.
17. Handsfree device as claimed in one of the Claims 11
to 16, characterized in that the handsfree device (6)
comprises an arrangement (11) for computing the parameters

15 (20) of the adaptive filter (14) from the autocorrelation
function and the cross-correlation function of the input
signals (9), while especially the autocorrelation function
and/or the cross-correlation function are averaged with time.
18. Handsfree device as claimed in one of the Claims 11

20 to 17, characterized in that for computing the cross-
correlation function the autocorrelation function is scaled
and the cross-correlation function is affected by the
autocorrelation function. '
19. Handsfree device as claimed in one of the Claims 11

25 to 18, characterized in that the handsfree device comprises
switching means (18) which are provided for not using the
adaptive filter when there is a coefficient overflow during
the computation of the autocorrelation function and/or the
cross-correlation function.

30 20. Handsfree device as claimed in one of the Claims 11
to 19, characterized in that the adaptive filter (14) is a
Wiener filter.
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6 r®di ot el ephone set 4 as a separate arrangenent. The further conponents
fal | y‘ﬁ?gﬁﬂs& the operation of “a rmobile radi ot el ephon&CIEBIES, ot

in the exenplary enbodi mrent shown in Fig. 1 for clarity. During

sfree operation in a notor car, fundamental problens occur. On the one

, the m crophone 1 or the m crophone group 1 respectively, captures not

t he desired speech signal of the aker 3 but also other signals from

acoustic environnment, which other signals can be classified into two

qgories with respect to the avail able technical solutions. They are, on

t hejone hand, the acoustic echo of the |oudspeaker signal and, on the other
hand, the } '
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/" 1ocal noise which may be caused by, for exanple, engine, ventilation,

tyres, wnd, rain and so on. These signhals act as a di sturbance on the

actual useful signal i.e. the voice of the |local subscriber 3 and may thus

decisively affect the speech quality of the tel ephone |ink established by

the nobi |l e radi otel ephone set 4 and the radlo channel 5. They degrade the

aﬂderstandablllty .of the useful signal dnd inpair the quality thereof also
en a speec codln nmet hod i s used. i npai ri ng effect alse—enhances

when t he W?%{:%‘Pn E%? ateierhape set; &’c}ﬁgel}ar’r‘%&fr@)?gr‘?ﬁ"éc%t GERLACEIFNTY S‘l’?&‘]’

the recognition rate of voice recognizers which, for exanpl ¢, Jcambe

provi ded for voice-controlled operation of the nDbiIe t el ephone .

reduced. For the actual tel ephone operation realised via th b('r]tsef‘s{'EB T

radi ot el ephone set 4, the two forner

The invention relates to a mobile radiotelephone
set with a handsfree device, whlch handsfree device comprises
combining means for combining at. least two acoustic input
signals, and an adaptive filter for filtering the combined
output signal of the combining means. '

The invention further relates to a handsfree device
which comprises combining means for combining at least two
acoustic input signals, and an adaptive filter for filtering
the combined output signal of the combining means.

A handsfree device with four microphones is known,
for example, from "A MICROPHONE ARRAY WITH ADAPTIVE
POSTFILTERING FOR NOISE REDUCTION IN REVERBERANT ROOM" by
Rainer Zelinski, ICASSP 88, pp. 2578 to 2581. In a first
processing step the directivity gain.of the two-dimensionally
arranged microphones is used for noise reduction. In a second
processing step the microphone signals are further processed
by an adaptive Wiener filter which estimates the desired
speech signal. For computing the parameters of the Wiener
filter the autocorrelation function and the cross-correlation
function of the input signals are measured.

It is an object of the invention to improve the
speech quality in a mobile radiotelephone set and in a
handsfree device of the type defined in the opening
paragraph.

In a mobile radiotelephone set as well as in a
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effécts are inportant, whereas only the renote subscri ber WREPLAGEMENT sl s

thereof . For exanple, the renote subscriber wll hear thejedqho of his own
voi ce (after about 30 nms signal delay i.e. with GSMw th gbdutoZPERsiGR! 4
all the nore distinctly), and he will perceive the effectq df I ocal i

)

as inpaired speech quality. The |local subscriber 3 will eXperrence

reactions only if ‘the feedback of the | dudspeaker signal tlo the m crophone

y

1 causes, SARRELAY Be9RLSTBe! Syt e’ RIS SPIARS SOTNIS et

mobi | e t etkphoobject is achieved in that a high-pass filter is

provided for filtering the acoustic input signals.

" The invention is based on the recognition that
various undesired side effects occur as a result of the large
noise component in the microphone signals i.e. in the
acoustic input signals in a motor car when the parameters for
the adaptive filter are computed, which side effects lead to
a degradation of the speech quality of the output signal. For
processing the acoustic analog input signals coming from a
group of microphones arranged in an array, these input
signals are first converted, for example, into digital
signals by analog-to-digital converters. The combining means
following in the circuit are used for combining the aigital
input signals thus obtained to an output signal that contains
the least possible interference. The adaptive filter arranged
downstream of the combining means is used for reducing
disturbing noise which often occurs with a handsfree device
arranged in a motor car, for example, as a result of engine
noise. Especially the use of high~grade microphénes may call
forth a degradation of the output signal of the handsfree
device. The high-pass filtering of the acoustic input signals
surprisingly simply achieves a reduction of these effects.
For example, a 4% order digital IIR filter can be used as a
high-pass filter. Subjecting the input signals to such a
high-pass filtering provides that the poorer signal
processing relating to the low-frequency portions of the
input signals in the handsfree device may be omitted, so that
on the whole an improvement of the speech quality of the
output signal of the handsfree device of the mobile
radiotelephone set is obtained. This achieves that the
relatively high signal energy of the low-frequency range,
.which energy is mainly formed by interference signals, is
filtered out and thus an improvement of the speech quality of
the handsfree device and thus of the mobile radiotelephone
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4 is voice controlled, the local subscriber will innEdﬁﬁté@@WgﬁéégEE%E

effects of the disturbances by the degradation of th ecognitron ratgs. In
addition to the desired | oudspeaker signal 2 and the assecs gegdygaghaes, the
| ocal subscriber 3 naturally additionally hears the | ofpal” nhoiSe, so at

t he sound inpression and the understandapility are agccereiregy—+apetr

when there is a ht-gh additional noise level. To re e the local noisg from

the m crophong si gpal , various concepts for noise
In princi%?%,l%nﬁgg?ﬁgﬁé'tries to analyze the useful signal and the noise
signal separately &l improned cspeeth gualityi gfalthenhasdssree Cevige

properti ege f 0ROy o1k § BOKL a3 LT LRRBAS Isetaifaif td it Fe st i whei BRI -
limit frequency of the high-pass filter lies in the range
from 200 to 400 Hz. Especially with a 300 Hz limit frequency
of the high-pass filter a considerable improvement of the
output signal could be realised, as frequencies lying below
300 Hz do not play a role anyway in telephone speech relating
to a mobile radiotelephone set.

A further improvement of the speech quality of the
handsfree device may be ensured in that a further high-pass
filter is provided for filtering the output signal of the
adaptive filter. The further high-pass filtering may reduce
further low-frequency interference signal portions that have
not been sufficiently suppressed by the adaptive filter. This
is based on the recognition that as a result of the time
variance of the adaptive filter, additional phenomena occur
of which the energy is concentrated on the lower frequency
range even if the input signals do not contain low-frequency
signal portions. The further high-pass filteriné attenuates
these low-frequency signal portions and simultaneously
increases the higher signal frequencies, so that a dull sound
impression otherwise caused by a faulty reaction to an
attenuation of the high-frequency signal portions is avoided.

A further improved speech quality of the handsfree
device of the mobile radiotelephone set may be achieved when
the limit frequency of the further high-pass filter lies in
the range from 200 to 400 Hz. A considerable improvement of
the output signal could be achieved especially with a 300 Hz
limit frequency of the further high-pass filter.

Differences of delay of the acoustic input signals
recorded by, for example, a microphone array, may be simply
taken into account in that the combining means comprise a
delay equalization means for equalizing the differences
between the input signals. Therefore, the delay equalization
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Figf 2 shows an exenpl ary embodi ment for a handsfreef dRERIAEGERERP pfa be
D QE :

used in conbination with or inside a nobile radiaotel g
Fig. 1 (cf. Fig. 1). The handsfree device 6 shown in|F/g. 2 con?riseE a
ni crophone group 1 arranged, for exanple, as a microphpn& & 997h

OfS €

acoustic input signals 9 captured by the,individual jmkrophones are jJapplied

via an anal og-to-digital converter 22 to

ke o TPt SRS IALH 1idekQenaBRcolh pEosRETIRIOIRAIACED,

4a hi gh-passf filter 11 to be

means 30 fammnatriomatickuin and augedefior 1equaligpngnthendedayi ng of the
I nput si gf&ﬁe&r@éémw'6&%@%%&03&5&@5 seé%ax ege' @5@% 17 as

wel |

as a sunmmation circult

| ned 1 nput signal avai |l abl e on the
signal portions of the acoustic 1nput 51gnals 1.e. of the

microphone signals.

A further improvement of the speech quality may be
achieved in that the delay equalization means comprises
plausibility examining means provided for examining whether a
defined distance and/or direction from the starting point of
the output sighalé to a speaker exceeds a predefined limit
value. During such a plausibility examination there is
examined whether a defined distance to the speaker is
exceeded by the predefined limit value when the speaker is
focused at, while this limit value can be selected in
accordance with the inside measurements of the motor car.
Additionally, the direction from which the input signals are
recorded can also be taken into account for the plausibility
examination as a result of which erroneous, i.e. impossible
speaker locations, for example a speaker location behind the
microphones, can be excluded. .

A particularly poor séeech gquality occurring as a
result of erroneously estimated correlation functions and/or

'numerical problems can be improved in that the handsfree

device comprises an arrangement for computing the parameters
of the adaptive filter from the autocorrelation function and
the cross-correlation function of the input signals, while
especially the autocorrelation function and/or cross-
correlation function are averaged with tinme.

An advantageous possibility for computing the
cross-correlation function is that the autocorrelation
function is scaled and the cross-correlation function is
affected by the autocorrelation function.

Annoying effects during handsfree operation may
simply be further reduced in that the handsfree device
comprises switching means provided for not using the adaptive
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ans 40 of_thé

out put of the conmbining neans 30 is fed to an adaptive f
together with the filter estimator 19, forns the filter
handsfree device 6. For filtering the output signal 23 ¢f tHé3éﬁ§§ﬁ9@E
filter 14 there is additionally provided a further high{ipdss filter 21
whi ch produces the output signal 22 of t§e handsfree deyice 6. In . 8 theg
exenpl ary enbodi nent for a handsfree device 6 shown in RLg.. 2 only the—
parts of FigeRangRLACEndRY 48 aelRdHi dirdd oviiPfoR allitng NUfgl i on are
shown, whiTe a representation of the further conponents 0 cust omary

handsf r eecamppsation of the autocorrelation function and/or the cross-

correlation function.
A Wiener filter may be suitably used as the
adaptive filter.

In the following the invention will be further
explained with reference to the exemplary embodiments shown
in the drawing Figures in which: |

Fig. 1 shows a cutaway view of a motor car with a
diagrammatically represented handsfree device, and

Fig. 2 shows an embodiment for a handsfree device.

Fig. 1 shows in a diagram a cutaway view of a motor
car 7 with a driver 3. Fig. 1 further shows that a mobile
telephone 4 with a handsfree device 6 is arranged in the
motor car, while the handsfree device 6 radiates a signal
received from a remote subscriber via a loudspeéker 2 into
the acoustic environment i.e. into the inside of the motor
car 7 and is thus audible to the local subscriber 3 ("loud
hearing operation"). A microphone group 1 is arranged over
the speaker 3 in the motor car 7, which microphone group
captures the speech of the speaker 3 as well as further
acoustic signals from the environment to send them as

--acoustic input signals 9 via the handsfree device 6 and the
mobile radiotelephone set 4 to a remote subscriber connected
to the mobile radiotelephone set 4 by a radio channel 5
("handsfree operation"), while in the following "handsfree
operation“ is always intended to be understood as the
combination of the two functions of "loud hearing operation"
and "handsfree operation". The handsfree device 6 arranged
inside the motor car may form both a constituent part of the
mobile radiotelephone set 4 and be connected to the mobile
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been omtted for clarity. The acoustic input signalg
m crophone group 1 are first converted into digital s%EPBREHMéN% T i
means 22 (A/ D converters). The subsequent conbi ning {mrgans 30 are usqd
converting the digital input signals thus obtained ilntjo @ &FaBn@87 nai
out put signal 23 whose quality is to be %urther I nprfojed by the subgequent
Lilher means 40. for this purpose, the digitized ingut signals 9 are fi
i gh- pass fJJ{it | abhs s filt | '
in Fig. Z,Jésdol%%e:i't%ﬁo% g%lar@??s?gn + gé?&}?{égné%ﬁg? Interference In the
acoust i c iagneronsnfisnexnakly heseddferdtheuenesakigh- p4s@ makide nay be
arranged, faiSLiBifondSsét 24ke t Rot[ ShéwnOiflethdi gikedplbiy E@nbddiineht

| mpul se Response iJter. F
P sd%wn Qn F%g.rl fé¥ g%&??é;l 300 Hz 1s

o

During handsfree operation in a motor car,
fundamental problems occur. On the one hand, the microphone 1
or the microphone group 1 respectively, captures not only the
desired speech signal of the speaker 3 but also other signals
from the acoustic environment, which other signals can be
classified into two categories with respect to the available
technical solutions. They are, on the one hand, the acoustic
echo of the loudspeaker signal and, on the other hand, the
local noise which may be caused by, for example, engine,
ventilation, tyres, wind, rain and so on. These signals act
as a disturbance on the actual useful signal i.e. the voice
of the local subscriber 3 and may thus decisively affect the
speech quality of the telephone link established by the
mobile radiotelephone set 4 and the radio channel 5. They
degrade the understandability of the useful signal and impair
the quality thereof also when a speech coding method is used.
The impairing effect also enhances when the transmission bit
rate is reduced, for example, with GSM codecs and the
recognition rate of voice recognizers which, for example, can
be provided for voice-controlled operation of the mobile
telephone 4 is reduced. For the actual telephone operation
realised via the mobile radiotelephone set 4, the two former
effects are important, whereas only the remote subscriber
will be conscious thereof. For example; the remote subscriber
will hear the -echo of his own voice (after about 30 ms signal
delay i.e. with GSM with about 180 ms delay all the more
distinctly), and he will perceive the effects of local noise
“as impaired speech quality. The local subscriber 3 will
experience reactions only if the feedback of the loudspeaker
‘signal to the microphone 1 causes stability problems to occur
in the telephone connection. With respect to the voice
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- st ko - 1
used as a linmit frequency of the high-pass filtej REPLAGENMGNE HEES bel ow 300
,Hz do not play any role for the speech signals tq lfg=processed t¢ria nobile
radi ot el ephone set and the tel ephone speech resulting?S% gﬁﬁmqn
Arrangenent 12 perfornms an opti num wei ghting of tlh pass filltéred

i nput signals in a known manner, while the high-gads—fteree-rmut] signal s
on the output. of -the high-pass filter 1% are alsq used for estimatijng a
delay for the delay estimator 16 as well as for the—frtter_estimator 19 for
esti mat i rpeognitiomefenctions; fhr edapplee wheneithes makifls delrphanrit

signals afejg qmaédc&xti-aflé& ”“Ehéoﬂ!th&C uhbs&,lﬂ&e wcielllaﬁwmh?ewput

signals 9 of the n1crop one group are equalized %& the del ay elﬂﬂézalron

circuit BENSL (HRe SERpFhs oEnbhei fifturhances by the degradatio

the recognition rates.

In addition to the desired loudspeaker signal 2 and
the associated echoes, the local subscriber 3 naturally
additionally hears the local noise, so that the sound
impression and the understandability are accordingly impaired
when. there is a high additional noise level. To remove the
local noise from the microphone_signals 1, various concepts
for noise reduction can be used. In principle, one always
tries to analyze the useful signal and the noise signal
separately and to suppress the noise signal in response to

_the properties found, without simultaneously affecting the

useful signal.

Fig. 2 shows an exemplary embodlment for a
handsfree device 6 as it can be used in combination with or
inside a mobile radiotelephone set 4 shown in Fig. 1 (cf.
Fig. 1). The handsfree device 6 shown in Fig. 2 .comprises a
microphone group 1 arranged, for example, as a microphone
array, whose acoustic input signals 9 captured by the
individual microphones are applied via an analog-to-digital
converter 22 to a high-pass filter 11 to be filtered. The
high-pass filter 11 forms part of the combining means 30
which are arranged for'combining the input signals 9, while
the combining means 30 further include an arrangement 12 for
optimum weighting of the input signals, a delay equalization
circuit 13, a delay estimator 17 as well as a summation
circuit 15. A combined input signal 23 available on the
output of the cbmbining means 30 is fed to an adaptive filter
14 which, together with the filter estimator 19, forms the
filter means 40 of the handsfree device 6. For filtering the
output signal 23 of the adaptive filter 14 there is
additionally provided a further high-pass filter 21 which
produces the output signal 22 of the handsfree device 6. in
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handsfree device 6 shown in Fig. 2. For this pur poge—the—tel-ay—egual
circuit 13 conprises plausibility exam ning neans Jr%EHLé\SEMEMf SHEBF

whet her a defi ned 9 distance fromthe starting pofnt of tHhe Tnput
signals 9 to a speaker exceeds a predeterm nable Ijnt 3I ﬂ?ﬁCh a
plausibility exam ning circuit therefore investigajep &%e#gg% e de
di stance to a speaker exceeds a predetermnable |ijm! he

speaker is focused at. This limt value 8an be selfpcted in accordanc

ni ng

fi ned

e with

the inside dinensions of the notor car. For exanpl e, O SUanCes UVeT

one

met er woukthe exemplary embodiment for a handsfree device 6 shown in
Fig. 2 only the parts of the handsfree device relevant to the
scope of the invention are shown, while a representation of
the further components of a customary handsfree device has

been omitted for clarity.
The acoustic input signals 9 captured by the

microphone group 1 are first converted into digital signals

by converting means 22 (A/D converters). The subsequent

combining means 30 are used for converting the digital input
signals thus obtained into a minimum-noise output signal 23
whose quality is to be further improved by the subsequent

filter means 40. For this purpose, the digitized input

signals 9 are first high-pass filtered by high-pass filter 11

in the handsfree device 6 shown in Fig. 2, so that in a

surprisingly simple manner interference in the acoustic input

signals 9 can be reduced. Such a high-pass filter may be
arranged, for example, as a 2 to 4% order digital IIR

(Infinite Impulse Response) filter. For example, 300 Hz is

used as a limit frequency of the high-pass filter 11.

Frequencies below 300 Hz do not play any role for the speech
signals to be processed for a mobile radiotelephone set and

the telephone speech resulting therefrom. Arrangement 12

performs an optimum weighting of the high~pass filtered input
signals in a known manner, while the high-pass filtered input
signals on the output of the high-pass filter 11 are also
used for estimating a delay for the delay estimator 16 as

well as for the filter estimator 19 for estimating the
parameters 20 of the adaptive filter 14.
Before the input signals are combined by the

summation circuit 15, the delays of the input signals 9 of

the microphone group 1 are equalized by the delay

equalization circuit 13 in the exemplary embodiment for the

handsfree device 6 shown in Fig. 2. For this purpose the
delay equalization circuit 13 comprises plausibility
examining means provided for examining whether a defined

. : This is the replac
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mean that the speaker nust be outside the vehicl e.REK%ﬁEME&IaW’%ET he
direction of the input signals can be taken int@ dqonsideration ffof such a

- plausibility exam nation. As a result, supposedjspeai@& FPRSEOFons,) for
exanpl e, behind the m crophones, thus in the difegtion of the wjndscreen,
may be recognlzed as unlikely as may be speaker |postTtTons—to—tte lfeft of
the driver's positton. When an unlikely gpeaker |position is recoghized,
preferably the nost recent plausible speaker position, i1.e. the previous

esti mat es,qistari@d. £ddm Stﬁ@Ys@@r@ﬂﬁgrﬁélh! beethw iaputy siegMaAlsld itrlauded
I n the conbi ni.ng nmeans shown _i crophone array 1 with its
subsequem:HﬁﬁEék igl?dﬂrﬁ% E%ngnﬁééﬁlgFgl gHﬁraF@ SBs&ul and
noi se cowmmunﬁrhiluﬁimhx5m&mlﬁggcﬁfeuﬂtbyherefspetuawegﬂugmues1mhether
Si mul taneq}hsl yde@fneaéidéls Qr?clze to a speaker exceeds a predeterminable
limit value when the speaker is focused at. This limit value
can be selected in accordance with the inside dimensions of
the motor car. For example, distances over one meter would
mean that the speaker must be outside the vehicle. |
Additionally, the direction of the input signals can be taken
into consideration for such a plausibility examination. As a
result, supposed speaker positions, for example, behind the
microphones, thus in the direction of the windscreen, may be
recognized as unlikely as may be speaker positions to the
left of the driver's position. When an unlikely speaker
position is recognized, preferably the most recent plausible
speaker position, i.e. the previous estimates, is used. This
may be ensured by the switching means 18 included in the
combining means 30 shown in Fig. 2. The microphone array 1
with its subsequent délay equalization makes it possible to
separate useful and noise components in the input signals 9
by its spatial selectivity. Simultaneously, an additional.
array gain is achieved when the useful signal source is
focused at and the individual microphone signals 9 are
averaged, if the noise components in the microphone signals
are alternately uncorrelated and are therefore partly
cancelled during the summation.
It is an object of the subsequent adaptive filter
14 of the filter means 40 to accentuate the useful portions
of the combining signal 23 and additionally suppress .the
remaining noise signals. For this purpose, the
autocorrelation function and the cross-correlation function’
of the input signals 9 are computed as parameters for the
adaptive filter 14 arranged, for example, as a Wiener filter,
via the filter estimator 19. Furthermore, there is examined
whether a coefficient overflow has occurred during the
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array gain is achieved when the useful signal source is focused at and the

I ndi vi dual m crophone signals 9 are averaged, if

. mﬂﬁmgnis I n
the m crophone signals are alternately uncorrel at dREEﬁK&E&thQF e

Serror--eer

partly cancelled during the summation. It is an objéct of the subsequent

adaptive filter 14 of the filter means 40 to acce tj
of the conbi ning-signal 23 and additionally suppr

at@ 3t FEB J8%

portions

.the remai ni ng hoi se

signals. For thi's purpose, the autocorrgpati on fufpction and.the

cross-correlation function of the input signals 9

par arretereoxﬁpmtahsoﬁdaﬂt autotbriraelationr fangtdonf @nmﬁbsﬁs a Wener .
%’aptlvee Xﬂ@&d Met her
is not to be used. This may also be effected by the switching
means 18. The further high-pass filter 21 can filter out the
low-frequency noise signal components in the signal 24

available on the output of the adaptive filter 14, which
components are insufficiently suppressed by the adaptive

filter 14, so that the output signal 22 of the handsfree

device 6 has a further enhanced speech quality.
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REPLACEMENT _SHEET 10 conputation of autocorrelation fu FHISOSHRFTU HAK BEERSP -
correl ation ' I n.that case the adaptive filfer 14Rm§_eén to;F
used. This nmmmﬂug ﬂﬂllt ed by the sw tching nmeans—t8—¥he .Aur her,

hi gh- pass fi ( si1lxter out the | ow frequency noi se signal

conponents in the signal 24 avail able on_the output Qg re—adaptive filter
14, which conponents are insufficientlyléuppressed by fﬁﬂbﬁﬁgﬂgth Hyer
14, so that_the output signal 22 of the handsfree deyi f& 6—has—a f'r

enhanced g%éé@ﬁ quality.

1. Mobile radiotelephone set with a handsfree device
(6), which handsfree device (6) comprises combining means
(30) for combining at least two acoustic input signals (9),
and an adaptive filter (14) for filtering the combined output
signal (23) of the combining means (30), characterized in
that a high-pass filter (11) is provided for filtering the
acoustic input signals (9).

2. . Mobile radiotélephone set as claimed in Claim 1,
characterized in that the limit frequency of the high-pass
filter (30) lies in the range from 200 to 400 Hz.

3. Mobile radiotelephone set as claimed in one of the
Claims 1 or 2, characterized in that a further high-pass
filter (21) is provided for filtering the output signal (23)
of the adaptive filter (14).

4. Mobile radiotelephone set as claimed in one of the
Claims 1 to 3, characterized in that the limit frequency of
the further high-pass filter (21) lies in the range from 200
to 400 Hz. | o
5. Mobile radiotelephone set as claimed in one of the
Claims 1 to 4, characterized in that the combining means (30) .
comprise a delay equalization circuit (13) for equalizing-the
delays between the input signals (9).

6. Mobile radiofelephong set as claimed in one of the
Claims 1 to 5, characterized in that the delay equalization
circuit (13) comprises plausibility examining means provided
for examining whether a defined distance and/or direction |
from the starting point of the input signals (9) to a speaké:
(3) exceeds a predeterminable limit value.

7. - Mobile radiotelephone set as claimed in one of the
Claims 1 to 6, characterized in that the handsfree device (6)
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This is—the repl acerrent sheet —— - Mohile radio transceiver
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and an adaptiwve Is (14) for T1rtering tireTonbi ng %&ﬁgigﬁﬁpnal (23)
of the conbining neans (30), characterized in thatj|a hﬁg - 1lyel (11)
Is provided for frltering the acoustic infut signalsl(9) and that h further
hi gh-pass filter (21) is provided for filt®ring th¢ output -signal (2B) of
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lies in the(?%hg@ffthﬂnémmptmvéOﬂltter (14) from the autocorrelation -
~function and the cross-correlation function of the input
signals (9), while especially the autocorrelation function
and/or cross-correlation function are averaged with time.
8. . Mobile radiotelephone set as claimed in one of the
Claims 1 to 7, characterized in that for computing the cross-
correlation function the autocorrelation function is scaled
and the cross-correlation function is affected by the

autocorrelation function.
9. Mobile radiotelephone set as claimed in one of the

Claims 1 to 8, characterized in that the handsfree device
comprises switching means (18) which are provided for not
using the adaptive filter when there is a coefficient
overflow during the computation of the autocorrelation
function and/or the cross-~correlation function.

1o0. Mobile radiotelephone set as claimed in one of the
Claims 1 to 9, characterized in that the adaptlve filter (14)
is a Wiener filter. :

11. Handsfree device (6) comprising combining means
(30) for combining at least two acoustic input signals (9),
and an adaptive filter (14) for filtering the combined output
signal (23) of the combining means (30), characterized in
that a high-pass filter (11) is provided for filtering the -
acoustic input signals (9).

12. Handsfree device as claimed in Claim 11,
characterized in that the limit frequency of the high-pass
filter (11) lies in the range from 200 to 400 Hz.

13. Handsfree device as claimed in one of the Claims 11
~or 12, characterized in that a further high-pass filter (21)
is provided for filtering the output signal (24) of the
adaptive filter (14).

14. Handsfree device as claimed in one of the Claims 11
to 13, characterized in that the limit frequency of the
further high-pass filter (21) lies in the range from 200 to
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ellmtf'ﬂ-ﬁﬁ ?"HSIB%N urt? I ter
wrom 200 |t o 4OREPRACED. Mobill ¢ Vel as

means (30) conprise a del ay equalization circuit (13) {f o 3HEBIFITIng fhe
del ays between the imput signals (9). 5313Wobile radifo§transceiver :
claimed in one of the Clainms 1 to 4, characterized ijn That tne aderay
equal i zat 400 &izr.cuit (13) conprises plausibility examning neans provided
for exam gikng whet I stance /ar .dir ct| omt tarti.ng
poi nt of ?‘Lﬁe I nput h@%ﬁﬁgggefﬁgygcg gsegl%grlgﬁ% lg& edsf&z: %{;eecrleelﬁqg'}% bt e
limt val §e. 18, nbbn:‘la@trea:d.lzed riandieity dhescatliming imeane (30)he Cains 1
105 Chacapbeisecd dilaiAleduid A r@fré@fez %9/) (Por CaBRAL 2EIng ithe

arr angement l) e paranete 2 aptlve fi

(14) fornﬁFHéY&uPGGUPﬁ& e cross-correl ation functlon

of the inpgt signal §aﬁ&éfrael hevsaeeagabh&m&a amt %@r lod aHereraid i:n
and/or cr %SS ?r g gg%%'c%erfluzne%t A t% gl: at‘ﬁer E%igeel.ay equailzatlon circuit

(13) comprises plausibility examining means provided for

- examining whether a defined distance and/or direction from

the starting point of the input signals (9) to a speaker (3)
exceeds a predeterminable limit value.

17. Handsfree device as claimed in one of the Claims 11
to 16, characterized in that the handsfree device (6)
comprises an arrangement (11) for computing the parameters
(20) of the adaptive filter (14) from the autocorrelation
function and the cross-correlation function of the input
signals (9), while especially the autocorrelation function
and/or the cross-correlation function are averaged with time.
18. Handsfree device as claimed in one of -the Claims 11
to 17, characterized in that for computing the cross- |
correlation function the autocorrelation function is scaled
and the cross-correlation function is affected by the

- autocorrelation function.

19. Handsfree device as claimed in one of the Claims 11
to 18, characterized in that the handsfree device comprises
switching means (18) which are provided for not using the
adaptive filter when there is a coefficient overflow during
the computation of the autocorrelation function and/or the
cross~correlation function.

20. Handsfree device as claimed in one of the Claims 11
to 19, characterized in that the adaptive filter (14) is a .
Wiener filter.

I
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7. Mobile radio transceiver as clainmed in-one of the Clains 1 to 6,

characterized in that for conputing the cross-corr elat+omfumncti ne
autocorrelation function is scaled and the cross-co rBf%Mchéhtr%{gEEn is
affected by the autocorrelation function. 8. Mbil¢ fadi o transcei yef as
claimed in one of the Clains 1 to 7, characterized i{n tT?FE@Wd -iree
facility conprises switching nmeans (t814wki ch are priovi ded for not dising
the adaptive filter when there is a coefficient ovenfl f

conput ati on of the autocorrelation function and/or tthe cross-correl atilon
function. 9. MBQRLILERAPIQTHERHONE ET WhT ains 1to

8, characterized in that the adaptive filter (14) is Wener filter. 10.
Hands-free facilit 6) conprising conbining nmeans (30) for conbining at
| east two acoREFEEFhput signals (9), and an adaptive filter (14) for

filtering theACn?o@:f-.feeqra%&uetlephone set has a handsfree device (6)
with combination means (30) for combining at least two
acoustic input signals (9) and an adaptive filter (14)
for filtering the combined output signal (23) of the
combination means (30). In order to achieve a better
voice transmission quality, a high-pass filter (11) is
provided for filtering the acoustic input signals (9).
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sighal (23) of the conbining neans (30), characterized in that a hi gh- pass
filter (11) is provided for filtering the acoustic input signals (9) and
that a further high-pass filter (21) is prOV|ded for~ltering the output

“signal (24) of the adaptive filter (14). 11. Hands-ff REPLACEMENY g 3 FTai med
in Claim1l0, characterized in that the limt frequency, )ags
filter (11) lies t+.n the range from 200 to 400 Hz. 17 aﬂf free faqi ity
as claimed in one of the Clains 10 or 11, characterifz £& BtﬁWHe lifmi t
frequency of the further high-pass filter (21) lies|inthe _range fremf{200
to 400 Hz. 13. Hands-free facility as clhinmed in ong¢ of the dains 11fto
12, characterized in that the conbining nmeans (30) '

equalization circuit (13) for equalizing the del ays between the input
signals (9). 14. Hands-free faciljty as clainmed in one of the Clains 11 to
13, characterized in that the dely equalization circuit (13) conprises

pl ausi bility exam ni ng-e Lded for exam ni ng whether a defined

di stance and/or directg tagting point of the input signals (9)
to a speaker (3) exceqdy
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15. Hands-free, facility as clainmed in one of the Clains 11 to 14, Thote23-9
tcharacterized in that the 'iﬁ_gds-f rée facility -(6) conprises an arrangenent

(11) for comulmuLm L ters (20) of the adaptive filter (14) fromthe
autocorrel a ¢ o

the cross-correlation function of the input
sirgnals (9), while especially the aut ocqurel ation function and/or the
cross-correlation function are averaged With tine. 16. Hands-free facility
as claimed in one of the Clainms 11 toctAIMsharacterized in that for
conputing the cross-correlation function the autocorrelation function is
scal ed and the cross-correlation function is affected by the

aut ocor r el.atMahilefradio tiansceivay withiarhdad & freefatitiog (6), whiak handsifhexfatilityogy of t he

sui toni ng neapBrivel IBRBRGIER (10 o Beobine oF SR eeTob i mpin RerRl DL o,
when there iagd an adaptive Sltenr(il 4pfoe filtering the combinet @utmmsignalt (23 ofthe tchmbining:
means (30), characterized in that a high—péas filter (11) is provided for filtering the
acoustic input signals (9) and that a further high-pass filter (21) is provided for filtering
the output signal (23) of the adaptive flter (14).

[

Mobile radio transceiver as claimed in Claim 1, characterized in that thé limit frequency
of the high-pass filter (30) lies in the range from 200 to 400 Hz.

3. Mobile radio transceiver as claimed in one 6f the Claims 1 to 2, characterized in that the
limit frequency of the further high-pass filter (21) lies in the range from 200 to 400 Hz.

4. Mobile radio transceiver as claimed in one of the Claims 1 to 3, characterized in that the
combining means (30) comprise a delay equalizat_ion circuit (13) for equalizing the delays
between the input signals (9).

5. Mobile radio transceiver as claimed in one of the Claims ! to 4, characterized in that the
delay equalizatiqn circuit (13) compriéeg plausibility examining means provided for
examining whether a defined distance and/or direction from the starting point of the input
signals (9) to a speaker (3) exceeds a prederterminable limit value.

6. Mobile radio transceiver as claimed in one of the Claims 1 to 5, characterized in that the
hands-free facility (6) comprises an arrangement (11) for computing the parameters (20)
of the adaptive filter (14) form the autocorrelation function and the cross-correlation
function of the input signals (9), while especially the autocorrelation function and/or
cross-correlation function are averaged with tinie.
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autocorrelation function and/or the cross-correlation function. 18. _
*Hands-free facility as claimed in one of the Clainms 11 to 17, characterized

in that ”ﬁllﬁiﬂmllmnmslmm (14) is a leezner filter.

7. Mobile radio transceiver as claimed in one of the Claims 1 to 6, characterized in that for
computing the cross-correlation function the autocorrelation function is scaled and the
cross-correlation function is affected by the autocorrelation function.

8. Mobile radio transceiver as claimed in one of the Claims 1 to 7, characterized in that the
hands-free facility comprises switching means (18) which are provided for not using the
adaptive filter when there is a coefficient overflow during the computation of the

N, autocorrelation function and/or the cross-correlation function.

9. Mobile radio transceiver as claimed in one of the Claims 1 to 8, characterized in that the
adaptive filter (14) is Wiener filter.

10. Hands-free facility (6) comprising combining means (30) for combining at least two
acoustic input signals (9), and an adaptive filter ('i 4) for filtering the combined output
signal (23) of the combining means (30), characterized in that a high-pass filter (11) is
provided for filrering the acoustic input signals (9) and that a further high-pass filter (21)
is provided for filtering the output signal (24) of the adaptive filter (14).

11. Hands-free facility as claimed in Claim 10, characterized in that the limit frequency of the
high-pass filter (11) lies in the range from 200 to 400 Hz.

12. Hands-free facility as claimed in one of the Claims 10 or 11, characterized in that the limit
frequency of the further high-pass filter (21) lies in the range from 200 to 400 Hz.

13. Hands-free facility as claimed in one of the Claims 11 to 12, characterized in that the
combining means (30) comprise a delay equalization circuit (13) for equalizing the delays
between the input signals (9).

14, Hands-free facility as claimed in one of the Claims 11 to 13, characterized in that the
delay equalization circuit (13) comprises plausibility examining means provided for
examining whether a defined distance and/or direction from the starting point of the input

signals (9) to a speaker (3) exceeds a predeterminable Limit value. )
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15. Hands-free facility as claimed in one of the Claims 11 to 14, characterized in that the
hands-free facility (6) comprises an arrangement (11) for computing the parameters (20)
of the adaptive filter (14) from the autocorrelation finction and the cross-correlation
function of the input signals (9), while especially the autocorrelation function and/or the
cross-correlation function are averaged with time.

16. Hands-free facility as claimed in one of the Claims 11 to 15, characterized in that for
computing the cross-correlation function the autocorrelation function is scaled and the
cross-correlation function is affected by the autocorrelation function.

17. Hands-free facility as claimed in one of the Claims 11 to 16, characterized in that the
hands-free facility comprises switching means (18) which are provided for not using the
adaptive filter when there is a coefficient overflow during the computation of the
autocorrelation function and/or the crass-correlation function,

18. Hands-free facility as claimed in one of the Claims 11 to 17, characterized in that the
adaptive filter (14) is a Wiener filter.

REPLACEMENT SHEgT

13 FER 1999



